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Honors to Dr. Dayton C. Miller 


N March 14 Case School of Applied Science 

paid tribute to Professor Dayton C. Miller 
on the occasion of his fiftieth year of service to 
that institution. Dr. Miller came to Case when 
the Cleveland college was only ten years old, and 
his brilliant research work in the fields of 
acoustics, x-rays, and ether-drift has been carried 
out there. 

Dr. and Mrs. Miller were honored at a banquet 
attended by Case faculty members and alumni, 
together with representatives from other insti- 
tutions. Mr. Frank Quail, President of the Case 
Board of Trustees, presided; and several speakers 
gave expression to the esteem and appreciation 
felt by everyone for the magnitude of Dr. 
Miller’s achievements and the inspiration of his 
personality. 

Mr. Quail said, ‘‘If honors are classified, such a 
man belongs in the highest division. Ministering 
to the immediate needs of the living is, of course, 
a grand service; but surely the highest good is 
serving the endless generations yet to come by 
contributing to the mastery of the forces and 
material things that now so largely master us.”’ 

Dr. J. J. Nassau, Case Professor of Astronomy 
and Dean of the Graduate School, spoke for his 
faculty colleagues. He concluded his speech by 
saying ‘‘Professor Miller’s service and influence 
to this country and to the world at large and his 
well-deserved fame make all of us feel proud to 


belong to the Case faculty which he has served so 
faithfully for fifty years.” 

After the banquet a large audience gathered for 
a Convocation celebrating the sixtieth anni- 
versary of the founding of Case School and the 
fifty vears of service of Dr. Miller. Case President 
W. E. Wickenden accepted in behalf of the college 
an oil portrait of Dr. Miller which was the gift of 
alumni, faculty and friends. He said ‘It is highly 
fitting that we should take this occasion to pay 
our tribute of honor to a beloved colleague, Dr. 
Dayton C. Miller, for fifty years of distinguished 
service to Case School, to Cleveland, and to the 
larger world of science.’’ He also spoke in ap- 
preciation of Mrs. Miller for ‘her ever-gracious 
part in the life of a college, and in the making of 
her husband’s career.” 

Dr. W. F. G. Swann, Director of the Bartol 
Research Foundation, long a friend of the Millers, 
was the chief speaker at the Convocation, and 
gave his tribute to the achievements of Dr. Miller. 

Dr. Miller graduated from Baldwin-Wallace 
College and went to Princeton for graduate 
study, doing his research there in astronomy. 
After obtaining the degree of Doctor of Science, 
he obtained a position as physicist at Case, and 
for most of his time there has been Head of the 
Physics Department. 

In 1896 he made what were probably the first 
x-ray pictures taken in this country, very shortly 








2 HONORS TO DR. 
after x-rays were discovered by Roentgen in 
Germany. He also worked, in 1904, with Pro- 
fessor Morley of Western Reserve University on 
a more accurate re-performance of the famous 
Michelson-Morley ether-drift experiment. Since 
that time Dr. Miller has made still more accurate 
measurements of ether-drift. 

Dr. Miller has always been interested in music 
and in the science of sound. He is gathering 
together what is already the most complete 
collection of flutes in existence; instruments 
ancient and modern, collected from many lands. 
His scientific work in acoustics is of course well 
known to members of this Society. His work 
with the phonodeik, and with the harmonic 
analyzer has been fundamental in the study of 
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MILLER 
the tones of musical instruments and of the 
human voice. His books, notably The Science of 
Musical Sound and Anecdotal History of the 
Science of Sound, are valuable parts of our 
libraries. 

We of the Acoustical Society of America wish 
to add our tribute to that of Case School, and to 
express our deep appreciation of the great 
services Dr. Miller has rendered this Society in 
helping at its beginnings, and in serving as our 
President from 1931 to 1933. To many of us he is 
a valued friend, to some of us he has been an 
inspiring teacher, and to all of us he is an honored 
colleague. We extend our heartiest greetings to 
him and to Mrs. Miller, and look forward to 
many more years of friendship with them. 
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Precision Measurement of Acoustic Impedance* 


Leo L. BERANEK 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


(Received June 1, 1940) 


INTRODUCTION 


N the past year at least eight papers have been 

presented which make use of the concept of 
specific normal acoustic impedance as a desig- 
nation for the acoustical properties of sound ab- 
sorbing materials. Although numerous meth- 
ods'-® for the measurement of this acoustic 
impedance have been proposed, it is believed that 
none of them yields data sufficiently accurate at 
all frequencies and for all magnitudes of im- 
pedance occurring in practice to be acceptable 
for ordinary computation. The investigation re- 
ported here was begun with the intent of 
developing a method, sufficiently accurate for a 
standardizing laboratory, for measuring specific 
normal acoustic impedance over a wide frequency 
range. 

Table I presents a summary of the relative 
advantages and disadvantages of nine previously 
published measuring techniques. Of these, the 
acoustic impedance bridge was ruled out because 
of the lack of suitable variable acoustical stand- 
ards against which to compare the unknown. 
Also, it is not now measure the 
complex ratio of pressure to particle velocity at a 
point at the surface of the sample. In light of this, 


feasible to 


it was decided to use a cylindrical tube with 


* Presented at the 23rd Meeting of the Acoustical Society 
of America, Washington, D. C., April 30, 1940. 

1H. O. Taylor, Phys. Rev. 2, 270 (1913). 

2 A. E. Kennelly, J. Frank. Inst. 200, 467 (1925). 

3G. W. Stewart, Phys. Rev. 28, 1038 (1926). 

*E. C. Wente and E. H. Bedell, Bell Sys. Tech. J. 7, 1 
(1928). 

5E. C. Wente and A. L. Thuras, Bell. Sys. Tech. J. 7, 
140 (1928). 
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®*R. D. Fay and W. M. Hall, J. Acous. Soc. Am. 5, 46 
(1933). 

10, J. Sivian, J. Acous. Soc. Am. 7, 94 (1935). 

1C, K. Stedman, J. Acous. Soc. Am. 7, 94 (1935). 
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No. 156, 665 (1937). 

4 W. M. Hall, J. Acous. Soc. Am. 11, 140 (1939). 

1K. Schuster and W. Stohr, Akustische Zeits. 4, 253 
(1939), 


source and sample at opposite ends. In order that 
the measured results be more satisfactory than 
those obtained from the use of methods one to 
eight as described in the table, the following con- 
ditions must be satisfied: (a) The method should 
be ‘‘absolute”’ in the sense that comparison with 
a standard is not necessary; (b) the resonant 
tube should be long enough to enable measure- 
ments to be made at frequencies as low as 100 
cycles; (c) if a variable-length method is used, 
changes in length must not react significantly on 
the source; (d) small temperature variations 
should be easily corrected for in the analysis. The 
apparatus should be located physically so that no 
rapid variations in temperature occur because, as 
will be shown later, temperature strongly affects 
the accuracy of the values of the reactance term; 
(e) the pressure detector should not disturb the 
sound field; (f) the mathematical analysis should 
take into account the type of source used and its 
internal impedance. It should include correction 
terms to the data at all frequencies for the effect 
of absorption in the gas and at the side walls of 
the tube due to radiation and to viscous layer 
friction. The final equations relating measure- 
ments to impedance should be of such form as to 
be easily handled; (g) the frequency must either 
be known to a high degree of accuracy or be 
repeatable, say, to one part in several ten- 
thousands. The absolute length of the tube 
should be measurable to five significant figures. 
These two factors enter significantly into the 
magnitude of the reactance term; (h) residual 
noise in the amplifying system or in the sur- 
rounding room must not affect appreciably the 
accuracy of the measurements; (i) the resonant 
tube should preferably not be curved, have 
irregular walls, or contain pressure leaks because 
their effect on the measured results is difficult to 
estimate; (j) absolute determinations of pressure 
or particle velocity must be avoided because there 
is no convenient method or methods for meas- 
uring them that yield both magnitude and phase. 
Relative ratios of pressures are easily measured 
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Fic. 1. Diagram of experimental apparatus. 


by comparison between changes in microphone 
output and corresponding changes of voltage 
produced by a change in setting of a calibrated 
attenuator. 


MEASURING APPARATUS 


To satisfy in large part each of these con- 
ditions a new variable length method is devised 
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using a high impedance source and point pressure 
detector and yielding a pressure-length resonance 
curve from which the impedance of the termi- 
nation may be determined. A diagram of the 
experimental apparatus is shown in Fig. 1. For 
the measuring region of 100 to 3000 cycles a six- 
foot length of Shelby steel tubing three inches in 
diameter and having a sidewall thickness of one- 
fourth inch was chosen as the test chamber. The 
source end of this tube is terminated in a rigid 
brass block about one inch thick. The source of 
sound is a model 555-W Western Electric dy- 
namic horn-loudspeaker unit into whose throat 
an acoustical inertance is inserted.'® The sound 
passes from this unit down a three-eighths inch 
diameter brass tube filled with seventy No. 18 
straight copper wires (Fig. 2). This tube termi- 
nates in the chamber at the center of the face of 
the rigid brass block. The acoustical material is 
held in a thin cylindrical shell which, in turn, is 
attached to a movable brass piston three inches 


1 F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 






































TABLE I. 
P ee 
FRE- PRESSURE 
No. METHOD AUTHORITY SOURCE | QUENCY LENGTH| DETECTOR MEASURE CRITICISM 
1 | Reaction on | Fay and | Telephone | Fixed | Variable None | Input Electrical Im- a. Difficult to achieve accuracy 
Source Hall Receiver | or | pedance at Telephone | b. Long mathematical and graphical 
| Fixed Receiver analysis 
| | 
2 | Absolute Not Fixed | Fixed Fixed Pressure and Velocity | Very difficult measurement 
Measurement Important | at a Known Point 
} | | 
3 | Analysis of | Taylor, Not Fixed | Fixed Movable Pressure Maximum Long probe tube necessary at low fre- 
Standing | Wente and Important and Minimum and quencies with resulting noise difficuities 
Wave Bedell Location of One 
4 | Analysis of | Hall Not | Fixed | Fixed | Movable Pressure Maximum a. Easy to use 
Standing Important | | and Minimum and b. Difficult mechanical construction 
Wave Location of One for low frequency use 
c. First tube correction at twice the 
lowest frequency 
5 | Resonance Wente and | Telephone Fixed | Variable} Fixed Pressure Maximum a. Tube reaction on source changes 
| and Anti- Bedell Receiver at Source and Minimum and | b. No correction for tube dissipation 
resonance (Important) | Length Between Them} 
6 | Absolute Wente and | Not Fixed Fixed Two Absolute Pressure and | a. Easy to use 
Lee | ~ : 
Measurement} Bedell Important Microphones | Phase at Two Known | b. Identical microphones necessary 
Points | c. Difficult to construct ‘‘point’’ pres- 
sure detector 
7 | Comparison | Wente and Not Fixed Fixed Fixed | Pressure for Three a. Difficult to obtain known standards 
with | Bedell Important Terminations: Two b. Difficult mathematical analysis 
Standard | Flanders Known 
8 | Curve Width | Hunt Point Variable| Fixed Fixed Pressure-Frequency a. Some change of impedance with 
Resonance Curve frequency 
| b. Difficult to measure frequency ac- 
| curately 
} 
9 | Curve Width | Beranek Point | Fixed | Variable Fixed | Pressure-Length | a. Correction made for dissipation at 
| Resonance Curve all frequencies 
| b. Correction for source reaction 
| | c. Accurate mathematical treatment 
by author 
| ! | . 
Acoustic Impedance Bridge 
10 | Acoustic Im- | K. Schuster] Not Fixed Fixed : Two | Balance Bridge a. Easy to use 
pedance Robinson Important Microphones | b. Difficult to obtain dependable 
Bridge standards 
| 
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PRECISION MEASUREMENT 


thick. An ejector is provided to facilitate sample 
removal (see Fig. 3). The piston and ejector 
constitute a rigid wall backing for the sample. 
The piston is carefully machined to fit the Shelby 
tubing. Air pressure release is afforded by an 
acoustical low-pass filter to the outside air 
inserted in the wire-filled source tube. This filter 
is shown in Fig. 2 and consists of two circular 
plates separated by a few thousandths of an inch. 
It allows steady air flow between the wire-filled 
tube and the outside air, but provides a high 
impedance path for alternating pressures whose 
frequency is above a few tens of cycles. The 
pressure detector consists of a small probe 
(;);-inch i.d. brass tube), one end of which opens 
to a pressure-sensitive electro-acoustic trans- 
ducer; the other end extends into the main tube 
in such a way that it opens at the edge as near to 
the rigid end as possible. This detector satisfies 
the conditions mentioned under (e) above. 

The auxiliary apparatus consists of an ampli- 
fier for the microphone which is terminated 
successively in a band-pass filter to eliminate 
harmonics generated in the loudspeaker, and a 
calibrated attenuator and meter against which to 
compare changes in amplitude of the alternating 
sound pressure at the microphone. The frequency 
of the output of the oscillator is compared with a 
primary frequency standard and is held constant 
to one part in 100,000. The length of the tube is 
adjusted by means of a precision screw from 
which incremental lengths can be read with an 
accuracy of 0.0005 cm. The problem of residual 
noise is unimportant because all measurements 
are made in the vicinity of the peak of a reso- 
nance curve. 

The mathematical analysis allows correction 
for the fact that the acoustic impedance of the 
wire-filled source is not infinite. It also takes into 
account the dissipation along the walls of the 
tube due to viscous friction and radiation, and to 
dissipation in the gas. Only relative pressures are 
used in the analysis. 

Measurements must not be made in the 
Vicinity of normal frequencies of transverse 
vibration if one desires to measure the normal 
acoustic impedance. Transverse modes of vibra- 
tion have associated with them particle motions 
parallel to the surface of the absorbing sample. 
The first transverse mode of vibration may occur, 


un 


OF ACOUSTIC IMPEDANCE 





Fic. 2. Rigid terminating block and high 
impedance wire-filled source tube. 


under conditions of proper excitation, at a fre- 
quency whose wave-length is 3.41 times the 
radius of the tube.'? However, for axial excitation, 
this first transverse normal mode of vibration 
will not be excited and the measuring region can 
be extended to a limiting frequency almost double 
that indicated in the preceding sentence. This 
means that two tubes are desirable for carrying 
out measurements in the region between 100 and 
8000 cycles if one desires to use at low frequencies 
samples that are not too small. A photograph of 
the smaller measuring tube attached to the 
precision screw is shown in Fig. 4. The inside 
diameter of this tube is 1.25 inches and the wall 
thickness is ;°5 inch. For this tube a modified 


17 Lord Rayleigh, Theory of Sound (Macmillan, 1929), 
Vol. II, pp. 298 ff. 
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W. E. Type 597-A high frequency horn-loud- 
speaker unit was used. The modification com- 
prised the removal of a portion of the exponential 
horn and the addition of a short length of one- 
eighth-inch diameter brass tubing to connect the 
remaining portion directly to the resonant tube. 
The tubing and the throat of the unit were filled 
with copper wires to 


increase the internal 


acoustic impedance of the source. 





Fic. 3. Movable piston for 1.25’ diameter tube. The 
absorbing material is held by the thin shell. 


ParT I. MATHEMATICAL ANALYSIS 


Wave equation 


A wave equation is derived which allows for 
the presence of dissipation in the gas and at the 
side walls of the tube and for the presence of 
sources at any or all portions of the enclosure. In 
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cylindrical coordinates, this wave equation is 


‘ii te + -— ——V*p 
c? dt? =~K at 
Of (x, r, 0, t) R, 


+—-f(x,7, 0,0), (1) 
Ot p 


where R, is the frictional resistance per unit 
volume of gas and includes the effects of dissi- 
pation in the gas and dissipation at the side walls 
taken as averaged over the cross section of the 
tube, and f(x, 7, 8,4) is a source function and is 
equal to the mass of gas admitted in unit time 
per unit volume at the point x, 7, 0 at the instant 
!. If axial symmetry is assumed, 0/00=0, the 
Laplacian becomes 


1 0 0 0° 
Year's (; )+ (2) 
r or\ Or Ox" 


where x is the coordinate along the axis of the 
tube and r along a radius. f and p become 
functions of x, 7, ¢. 


i) 


Derivation of the pressure function 


Since all measurements are made in the steady 
state, one may write 


p= P(x, re! 
(3) 
f=F(x, rye‘, 


where w is the angular driving frequency, and P 





Fic. 4. The smaller measuring tube (1.25’’ diameter) 
and the precision screw. 
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and F are functions of x and r and are in general Thus, 
complex. 

Assume now that P can be expanded into 
some sort of Fourier series and that F can be Here F,,» and P,,», are particular space solutions 
expanded in such a way that each term of it will to the wave equation. Substitution of (3) and (4) 
be equal to a complex constant timesatermin P. in (1) yields 


w? R, R, 
~ jet (jot) Ca [Pant VP n=0. (5) 
c? K p 


F m— C.. af a. me (4) 


This inhomogeneous wave equation is to be solved for P,, m. With the origin of the coordinate system 
located at the source, assume as solutions the series development: 


Mn + jon Rm —jJWm 
P(x, N=E Anndal sod r) cosh ( “x+vs) (6) 


n,m C va 


and by virtue of (4) 
Mn +jon Rm —JWm 
F(x, r) => By, Jo = ') cosh ( - vt), (7) 


n,m C & 


where C=A/B, u, is a normal angular frequency of cross vibration, o, is a damping constant associ- 
ated with transmission into the side walls of the tube, w» is a normal angular frequency of longitudinal 
vibration, and k,, is a damping constant associated with absorption at the sample under test. y¥ is a 
factor allowing for dissipation at the source end, and will be assumed zero for the present. 

The terms F,,m and P,,» can be shown to be linearly independent solutions by proving their 
orthogonality, i.e., by proving that 


J Porm: Prsmdr=0 unless m,j=M". and m,=Mmz2. (8) 
“ 


By a conventional proof of orthogonality" this can be shown to be true provided that at a single 
frequency the ratio of the normal gradient of Py, m to Pr, m itself has the same value for all choices of n 
and m. This is exactly the statement that the ratio of the normal component of the particle velocity 
to the pressure at the bounding surface be a constant, independent of angle of incidence, except for 
variation with frequency. Since we shall only be concerned here with normal incidence on the ab- 
sorbing sample during these tests, this condition will certainly be satisfied. 

Substitution of (2), (3), (6), and (7) in (1) yields the complete equation, 


: . Mn +jon Rm —Jwm 
ce f f F(x, n= -- r) cosh (- “x) rd 
eo ¢ Cc c 


p(x, r, t) =e" ———- snspuipiinaienibiisinaiaincnmleiigadamcaapl 


n,m R? wp? Kn fen € . . l 
[ preien for(* R)|i+ — sinh (Rm —jwm) 
4 Zr” c Rm — Jom € 


Mn +jon Rm —Jwm 
Jo ny cosh eae, 
c c 


x——— , 9) 


Rw 
| 20a + Tnbn) + +j[w* a (wm? + Mn”) + (on? +Rm?) | 
p 











18 E, C. Kemble, Fundamental Principles of Quantum Mechanics (McGraw-Hill, 1937), pp. 116-121. 
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where R is the radius of the tube, / is the length, 
p is the density of the gas, and Zp is the normal 
acoustic impedance at the side walls of the tube. 
It has been assumed in this solution that 
R?<K(pw)?. The force equation is: 


dq 
— grad i teas (10) 


where the vector g is the particle velocity. The 
boundary equations from which the space con- 
stants, Mn, On, @m, and k,, are determined come 
from the force equation and are: 


p —jwpc Rus —jw m 
z="| Bintan (=) (11) 
ut) Rn — Jom c 


Mn +jon 
rf “R) 
Cc 


p ; 
Zn--| = —jwp : : (12) 
R Mn +Jon 
1(* R) 
Cc 


where u is the component of particle velocity 
along the x axis and v is the component of 
particle velocity along the 7 axis. 
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Sound field in the vicinity of a small source 


In the experimental apparatus, sound is intro- 
duced through a small opening at the center of 
the fixed end. If one assumes that the mass of gas 
entering or leaving the chamber at the source is 
admitted into a small volume of, say, 7x17’, then 
F(x, r) will have a value of Fi(x, r) for O0<r<r; 
and 0<x<x, and will be zero elsewhere in the 
chamber. To avoid mathematical poles it is 
convenient to assume that the mass admitted 
per unit time to the enclosure on a half-cycle is 
independent of the volume which one selects as 
being the one from which the gas emanates. 
Mathematically this is expressed as 


Fi (x, r)xyr;>r = pQo, (13) 


where Qp is the familiar “strength of source.” 
The problem now is to evaluate the first factor in 
the numerator of (9), i.e., 


f fr r)Jo(Xnr) cosh (Bnx)rdrdx, (14) 


where CBmn=Rm—jwm and Ch,=Untjon. Integra- 
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Fic. 5. Sound pressure field in the vicinity 
of the small source. 


tion of (14), using (13), gives 


pQy nd Ont) 
| “|: sinh (3.x) (15) 


xu yer An Bm 


To investigate the sound field in the vicinity 
of the source, it is convenient to express (9) in a 
somewhat different form for the special case of 
o,=0 and w<y. 


p=et!| Pe—(Ril2e— iw) zie 4 P_e(Ril2e—ia)z/e} + Pre! 


Kn Mn e e 1 P 
wiol —r PIit —r Jen —#) ?zle 
or) ¢ Cc 


reo _ , (16) 
L (Pipn c) J" (urR /)j (tn? — w)! 


where P, and P_ are the amplitudes of plane 
waves traveling in the positive and negative 
directions of x, respectively, and P2 is a constant. 
This equation is derived by allowing the length, 
l, in Eq. (9) to approach infinity. The resulting 
expression, for the special case of w<,: consists 
of the first term of (16) with a coefficient P, and 
the summation of terms with coefficient P2. The 
second term with coefficient P_ is added only 
when there is a reflected plane wave in addition 
to the outgoing plane traveling wave. A plot of 
(16) is shown for x=0 in Fig. 5 for three values 
of the coefficients P, and P_ as obtained by 
changes in the length of the tube and in the 
absorption of the termination with the frequency 
held constant. The terms in the summation are 
not functions of / and Z. The experimental 
points plotted on the curves were obtained by 








moving a small pressure probe along a diameter 
of the tube at the rigid end. The upper curve in 
Fig. 5 is obtained for the case of 85 percent 
absorption at x=/ and the tube length adjusted 
to resonance. The curve A is computed for no 
reflection at x=/, i.e., P_=0. The curve B is 
computed for perfect reflection at x=/ and the 
length so adjusted that the sum of the first two 
terms in Eq. (16) is zero, thus leaving the 
summation with coefficient P2: alone. Experi- 
mental points were obtained for the first and 
third cases, using a frequency of 900 cycles, and 
are in excellent agreement with computations 
made using four terms of the series. It is seen 
that the variations in the plane wave field due to 
changes in tube length or in sample are accu- 
rately observable at the edge of the tube. This 
can be shown analytically by investigating the 
value of the series summation in (16); this 
summation reduces to zero for r—R. Thus the 
proper location for the microphone is at the edge 
of the tube, since in this investigation it is 
desired to observe changes in pressure due to 
changes in length. 
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Determination of Z/oc by a curve width method 


Equation (9) can be greatly simplified to meet 
the specialized experimental conditions. The 
absorption at the walls of the tube is small 
enough so that o,?<w*. The driving frequency is 
always less than the first normal frequency of 
transverse vibration; hence the summation can 
be limited to the terms for »=0. In the light of 
the previous paragraph this assumption is legiti- 
mate only if the microphone is located near the 
edge of the tube. The microphone is located at 
x=0 so that cosh B,x=1. Finally, all of the 
measurements are made with the length and 
driving frequency so chosen that the tube is very 
near a pressure resonance maximum. Hence, only 
one term of the series, corresponding to some 
particular value of m, will be important. The 
summation sign may be thrown away altogether. 
If, further, the approximation is made that 
kn<O.1wm, then in certain places it will be 
legitimate to write that w,=w. Also, write 

Z/ pc=vye'®. (17) 
With these restrictions and approximations, (9) 
becomes, on simplification, 





poe Ry P 
| 2on(é we) + [w? aes (wm? — Rm”) ae (u0" ont oy") - 


@m 2p 
where K’ is a constant. The boundary equation is 


l 
vei(ettan! Kmlom) ~=coth | (ee —jion)-| (19) 
Cc 


Now set 


i Too R, 
k= (4.++>) and oo" =o"; (20) 


Wm 2p 


where k is defined as the total damping constant 
and includes the damping at the side walls of the 
tube and at the ends. Also in the second term of 
the denominator of (18) replace ky? by k?. 
Allowing ,,? to equal k? in this part of the 
equation is not a radical approximation because 
unless k,,” is large, the term &? is entirely negli- 
gible with respect to w»” (i.e., R? :@»? ca. 1 : 20,000 
for k,,=0). By virtue of (20) and the above, (18) 





; (18) 





becomes 


A a: 
Awm2h? + (ww? — wm? +R?)? 
Maximizing (21) yields 
ale ET (22) 


where w, and k are the values of the space 
constants obtaining for a length at which the 
pressure is a maximum. Substitution of this in 
(21) leads to 


| P| *max = K’/4k7)?. (23) 


If the driving frequency is held constant, the 
length of the tube can be adjusted to a value, J”, 
greater than that at which resonance occurs, /, or 
to a length, /’, less than /, such that the square of 
the pressure at the microphone is decreased to 
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1/w of its resonant value; i.e., 
(Pmex/ PD")? = (Pmox/p’)? =w. (24) 
Then by virtue of (19) 
k'=Ik/l', 
Rk” =1k/V"". 


an’ =le,,/l', 
(25) 


wm’ =lw,,/1"", 


Using (21), (23), (24), (25), one obtains two 
simultaneous equations from which it is found 
that, if /’°+/'*=2?, 


k=rf(l"’—l’') /(w—1)41. (26) 


By using formulas (22), (24), and (26), one 
may determine the specific normal acoustic 
impedance of the termination by obtaining two 
resonance curves, one with the material in place 
and another without the material. If k,. is the 
damping constant and J) the resonant length 
with no absorbing material present, then 


In using (28) three approximations must be 


satisfied : 
(a) kn <0.1w», 
(b) l/?24]"%= 2/7, (29) 


(c) the driving frequency must be less than the 
first normal frequency of cross vibration that 
may be excited. 
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Fic. 6. Pressure-length resonance curve. 
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Fic. 7. Damping constant versus length of tube with no 
absorbing sample present. 
Rm =k —Rna 
and (27) 
mc = 2flo. 


If, further, ¢, and fo are the absolute tempera- 
tures of the air in the tube with and without the 
material present, respectively, then (19) may be 
written, 


(@+tan—! km/wm) —p l hed k* to “ 
ye! miem) =coth | (kR—Rna)——j—-{ ( 1-—— } ( — J J—- (28) 
c he 2w? i. 


=coth (C—jD). 


Part II. EXPERIMENTAL RESULTS 
Curve width measurements 


From formula (26) for k one finds that 
(l’’—I') /(w—1)' should remain constant for any 
given mode of vibration. A measured pressure vs. 
length resonance curve for no sample in the 
tube is shown in Fig. 6. The measured values of k 
at the pressure ratios indicated are listed in the 
vertical column down the center. The curve is 
typical of data obtained using ordinary care in 
reading the instruments. The maximum devia- 
tion of k from the average is +2 percent. 
Actually, with care, one may achieve precision of 
+0.5 percent on individual readings. 


Tube dissipation 


One of the perturbing effects on the accuracy 
of the data is the dissipation at the boundaries of 
the tube other than at the sample itself. This 
dissipation is composed of two parts, i.e., that 
part which is due to losses at the side walls and 
that part which is due to losses at the source end. 
The mathematical treatment thus far does not 
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Fic. 8. Measured values of the sidewall (Kirchhoff) 
damping constant. 


include dissipation at the end x=0, that is, it 
was assumed that ¥;=0. Morse'® has shown that 
if the absorption is small, at one of two or at 
both of two opposing walls, the measured 
damping constant will be a summation of the 
damping constants of the two walls. Following 
this, it was assumed here that the impedance at 
the source end is infinite and that deviations 
from this could be assigned as being additional 
absorption on the opposite end of the tube. 
Hence, k,,., as measured, is composed of the last 
two terms of (20) plus another term varying in 
inverse proportion to the length because of ab- 
sorption at the source end. It is also assumed that 
the absorption at the rigid piston is much less 
than that at the source end because of the obvi- 
ously lower impedance of the wire-filled source 
opening itself. Thus, 2,2 is written 


Rna=A+B/l, (29) 


where A is the damping constant associated with 
dissipation at the side walls of the tube and B/1 
is that for dissipation at the source end. 

Figure 7 shows plots of k,. vs. 1 for different 
resonant lengths of the tube, with frequency as a 
parameter. The solid lines were plotted from Eq. 
(29) with values of A and B chosen to give the 


best fit. The values of A alone are plotted as a 


1 P, M. Morse, J. Acous. Soc. Am. 11, 56 (1939). 
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function of frequency in Fig. 8 for the two tubes 
used. The dotted curves were computed from a 
formula derived by Kirchhoff?° in which he con- 
sidered only the viscous layer friction at the 
boundary of a cylindrical tube. He says: 


2.77 X10-5 
§=—_——_—_flcm1, (30) 


. ? 

where & is the attenuation in nepers per unit 
length for dry air at room temperature. The 
measured values of A lie about 15 percent higher 
than the ones computed from (30). This is 
probably due to two things, radiation from the 
side walls into the outer air and dissipation in the 
pores of the tube walls. 


Variation of k,, with resonant length 


One of the things that has troubled previous 
investigators has been that their measured values 
of impedance varied according to the length of 
tube used in performing the measurements. 
From our boundary equation (19), it is obvious 
that both k,, and w, must vary in inverse pro- 
portion to the length if the same value of 
impedance is to be obtained for measurements 
performed in all lengths of tube. Figure 9 shows a 
curve of k,, vs. c/l for a Celotex sample. The 
linearity of this curve proves that the length of 
the resonant tube has no effect on the measure- 
ment. A similar graph of w,, vs. c/1 could be made, 
but was not deemed necessary. 


Measurements in two tubes of different diam- 
eters 
Two tubes of equal length and different diame- 
ters were selected to check possible variation of 

















Fic. 9. Damping constants measured as a 
function of resonant tube length. 


20 Lord Rayleigh, Theory of Sound (Macmillan 1929), 
Vol. II, pp. 312 ff. 
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Fic. 10. Plot of the real part, C, of the argument of the 
hyperbolic cotangent. 


the measurements with tube diameter. Data were 
taken on Celotex C-4 samples in the frequency 
range 100 to 1000 cycles. The points coincided 
everywhere to within +3 percent. These vari- 
ations could have been partially caused by 
differences in mounting conditions. For other 
materials, only a few exceptions were found to 
this and the variations could almost certainly be 
attributed to variations between the two samples 
and to changes in mounting conditions. This 
conclusion is based on measurements made on a 
number of different samples of the same material 
wherein it was found that variations as great as 
10 percent occasionally occur in the charac- 
teristics of materials manufactured at different 
times. 

Sample curves of the real part, C, of the 
argument of the hyperbolic cotangent in Eq. (28) 
and of the imaginary part, D, are plotted 
Figs. 10 and 11, respectively. The overlap region 
checked so well for these materials that it was not 
necessary to indicate which points were obtained 
by the smaller measuring tube and which by the 
larger tube. 


Optimum lengths for measurements 


Two approximations must be satisfied, 
Rm <O.1wm, and l’’*+/'=2/?. The latter approxi- 
mation is satisfied if a resonant curve is chosen 


BERANEK 


whose width is not too great. In general, curve 
widths are measured at points where the pressure 
is reduced either one-half or one decibel below the 
pressure maximum value. Because k,, varies in 
inverse proportion to /, the former approxi- 
mation can almost always be satisfied by choosing 
the length of the tube such that ,, is sufficiently 
small. If k is not large, a short length of tube 
should be used to keep the correction term, kya, 
from becoming a large part of that which is being 
measured. The magnitude of the damping con- 
stant without the absorbing sample, as compared 
to that with the sample, can be seen from Fig. 12, 
for a standard material. The resonant length 
used in this case was about 172 cm. 

It is especially desirable to choose short lengths 
of tube in order to obtain maximum accuracy in 
the imaginary portion of the argument of the 
hyperbolic cotangent, D. It is apparent that D is 
determined largely by /—J/», so that this difference 
will remain essentially constant independent of 
the number of one-half wave-lengths standing in 
the tube. Moreover, if / is small, temperature 
variations will influence the value of D less 
because the temperature correction moves out to 
a more remote decimal place. 


Accuracy and precision of data 


Investigation of the data obtained for many 
different materials* shows that the variation due 
to transfer from one tube to the other is within 
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Fic. 11. Plot of the imaginary part, D, of the argument of 
the hyperbolic cotangent. 








* Data on fifteen commercially available materials are 
presented in a companion paper. 
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+3 percent at all frequencies for the real part, C, 
and slightly higher for the imaginary part, D, 
especially at the higher frequencies. The value 
of the imaginary part, D (especially when it is 
small), is likely to be in error unless precautions 
are taken to hold the temperature of the gas in 
the tube constant. One factor that was found to 
cause error at the high frequencies when using 
the smaller tube was that heat developed by the 
field coil of the driving unit traveled down the 
tube, warmed it, and caused the thermometer to 
read a temperature higher than that of the 
enclosed gas. 

It is believed that the agreement of the data 
for tubes of different radii, different lengths, and 
for different samples is a measure of the accuracy 
of the data. This is for the real part C, +3 
percent at all frequencies; for the imaginary part 
D, +3 percent at the low frequencies and roughly 
+5 percent at high frequencies (above 2000 
c.p.s.) depending on how accurately the tempera- 
ture of the gas is known. 

The data are repeatable in the same tube to 
+2 percent at the low frequencies. The same 
sample, in one case, has been removed from the 
piston, replaced and remeasured four times with 
a maximum deviation in the results of +2 
percent from the average. One deduces from 
these results that this percentage is indicative of 
the precision of the data. This precision depends 
somewhat on the care of the observer in obtaining 
the band width data at the lower frequencies, 
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Fic. 12. Comparison of damping constants for a bare 
tube with those for the tube with an absorbing sample 
present. 


and on his ability to hold the temperature 
constant at the higher frequencies. The errors 
introduced by approximations in the mathe- 
matical analysis are less than one percent. 
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Acoustic Impedance of Commercial Materials and the Performance of Rectangular 
Rooms with One Treated Surface* 
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INTRODUCTION 


HIS paper presents careful measurements 
over a wide frequency range of the specific 
normal acoustic impedance of commercially avail- 
able sound absorbing materials, and discusses 
applications of and restrictions on the use of 

these data in practical problems. 
A few investigators have reported measure- 
ments on the specific normal impedance of several 
* Presented in part at the lowa Meeting of the Acoustical 


Society of America, Iowa City, lowa, November 4, 1939, 
and in part at the Washington Meeting, April 30, 1940. 
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acoustical materials. Hunt! measured absorption 
coefficients as a function of angle of incidence 
over the frequency range of 400 to 1500 cycles 
for a sheet of one-half-inch Celotex wallboard. 
He used these data to arrive at a specific normal 
impedance as computed by a formula appearing 
in Morse,” namely, 


a=1—(Z cos @—pc/Z cos 6+ pc)’. (1) 


It was assumed in the derivation of (1) that Z is 
1F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 


2P. M. Morse, Vibration and Sound (McGraw-Hill, 
1936), p. 303. 
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Fic. 1. Normal specific acoustic impedances, Z/pc, for small samples with 
rigid wall backing. 





14 











ar 


on 
ce 
les 
rd. 
ial 
ng 


1) 


‘ill, 





ACOUSTIC IMPEDANCE 





OF 


t 
£ 


COMMERCIAL 








MATERIALS 


‘A-J.M. SANACOUSTIC PAD > 
-B-JM. STUDIO ELEMENT i" — 


C-JM. AIRACOUSTIC 1" 


re 


° 1000 
FREQUENCY 


Fic. 2. Z/pc for small samples with rigid wall backing. Upper curves are R/pc; lower X/pc. 


real. Although the data on a vs. @ presented by 
Hunt fits the curves computed from this formula 
to a certain extent, it is improper for one to 
form the conclusion that the phase angle is 
negligible. Later measurements reported by 
Hunt, Beranek, and Maa* give both the magni- 
tude and the phase angle, at two frequencies, of 
Celotex wallboard one-half-inch thick. These 
values, for the particular mounting conditions 
obtaining, are probably dependable, and indicate 
a large phase angle. Data are also presented on 
the specific normal impedance of Celotex C-4 at 
two frequencies. However, these impedances are 
in error for reasons shown later in this paper. 
Bhatt! determined ‘‘probable’”’ values of specific 
acoustic impedance for two materials obtained 
indirectly from decay constants measured in a 
model chamber. His values for Celotex C-4 are 
not in good agreement with results reported in 


7F. V. Hunt, L. L. Beranek and D. Y. Maa, J. Acous. 
Soc. Am. 11, 80 (1939). 
‘N. B. Bhatt, J. Acous. Soc. Am. 11, 67 (1939). 


this paper, probably because of inaccuracies 
arising in the indirect type of measurements and 
possibly because of differences in mounting con- 
ditions. His results do show the existence of a 
large imaginary component of impedance at 
most frequencies, and are further proof that the 
application of formula (1) to the computation of 
absorption coefficients from impedances, or vice 
versa, is restricted. Willig’s® conclusion that the 
impedance of an absorbing sample is real is not 
in agreement with these results. In order to 
determine more definitely the range of values of 
impedances likely to be encountered in practice, 
measurements on commercial materials were 
undertaken and the results are reported here. 


SpEcIFIC NORMAL IMPEDANCE OF TYPICAL 
COMMERCIAL MATERIALS 


The specific normal acoustic impedances, 
Z/pc, of fifteen materials with rigid wall backing 


5 F, J. Willig, J. Acous. Soc. Am. 10, 293 (1939). 



















| MPEDANCE 


vaneteee 


| 
; 





A-J 













FREQUENCY 


BBB 





}- 


M. SPONGEACOUSTIC 0.62" 
B- CELOTEX 


Hs C 
ra 


1,25" 





Fic. 3. Z/pc for small samples with rigid wall backing. 


were measured using the cylindrical tube curve- 
width method described in an accompanying 
paper.® These results are plotted in Figs. 1 to 5 
and the thicknesses and finishes of the materials 
are tabulated in Table I. Two measuring tubes 
were employed. Data were obtained in a three- 
inch diameter tube between the frequencies of 
100 and 3000 cycles and in a one and one-fourth- 
inch diameter tube between 1000 and 8000 
cycles. The approximations made in the theory 
were complied with in all cases. The following 
approximate formula was used for computing the 
impedance. 

Z/pc=coth (C—jD). (2) 

en Ie 


Beranek, ‘‘Precision measurement of acoustic 
impedance,” this issue, p. 3. 

















TABLE I, 
THICK- | 
NESS IN 
MANUFACTURER TYPE INCHES FINISH 
Celotex BBB 1.25 | Natural 
C-+4 1.25 | White 
Johns- Manville Permacoustic 1.0 Natural 
Acoustex 0.9 Natural 
Sanacoustic Pad 1.0 No Screen 
Studio Element 0.9 Natural 
Airacoustic 1.0 Natural 
Spongeacoustic 0.69 | Natural 
Fibreacoustic 1.0 White 
United States Acoustone D 0.88 | Natural 
Gypsum Perfatone 1.25 | NoScreen 
Quietone 1.0 Brushed 
Armstrong Cork | Corkacoustic 1.25 | White 
Temacoustic 0.5 Yellow 
Temacoustic 50 0.94 | White 
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The measurements leading to the values of C and 
D were repeated for almost all materials and the 
two sets of data were averaged. Data were taken 
at one hundred-cycle intervals below 2000 cycles, 
five hundred-cycle intervals between 2000 and 
5000 cycles, and at one thousand-cycle intervals 
above 5000 cycles. Computations of Z/pc from 
the C and D graphs were carried out at only 
enough frequencies to establish definitely the 
impedance curves. Therefore, the points shown 
on the graphs only occur at those frequencies 
for which Eq. (2) was evaluated, and do not 
indicate the total number of datum points ob- 
tained in making up the C and D curves. The 
accuracy of the data leading to the C and D 
plots was discussed in the accompanying paper, 
and is +3 percent at frequencies below 2500 
cycles and +5 percent at frequencies above. 

At low frequencies the impedances of the 
materials, with one exception, are analogous to 
those of series resistors and condensers. Some 


8 


IMPEDANCE 






eae 


-24 
100 


2 


| Pies EE 
 A-U.S.G, ACOUSTONE D 0.75" 
—B-US.G. PERFATONE PAD 
C-U.S.G. QUIETONE |" 
| i Seas fers: ts 


‘eee eae | aes 


COMMERCIAL MATERIALS 17 


materials exhibit a resonance; others maintain 
their condenser-like properties throughout the 
entire frequency range. One material, Tem- 
acoustic 50, is entirely different from the others. 
This material has a painted surface and in 
appearance is similar to a diaphragm backed by 
a soft porous packing. The shape of the curves 
is probably peculiar to the particular mounting 
conditions obtaining. In any event the data on 
this sample were repeatable at the low fre- 
quencies, although they were somewhat erratic 
at the highs. 


APPLICATIONS OF MEASUREMENTS AND THEORY 
TO PRACTICAL PROBLEMS 

The use of .the normal impedance as the 

designating characteristic of an absorbing surface 

for the special case of a rectangular room with 

only one wall absorbing has been discussed in a 

previous paper* and by Morse.’ Computational 


7P. M. Morse, J. Acous. Soc. Am. 11, 56 (1939). 
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Fic. 4. Z/pe for small samples with rigid wall backing. Upper curves are R/pc; lower X/pc. 
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Fic. 5. Z/pc for small samples with rigid wall backing. Upper curves are R/pc; lower X /pc. 
See text for discussion of Temacoustic 50. 


charts were published in both of those papers 
and in a later paper by Morse*® which enable one 
to compute decay constants for pressure decay 
in a rectangular room in terms of the specific 
normal acoustic impedance, Z/pc=-y/®, of the 
boundary. It was shown in our paper, that under 
certain conditions it may be allowable to combine 
into two groups those normal modes of vibration 
which are excited when a source whose output is 
composed of a narrow band of frequencies is 
present in the room. That is, one group should 
include those which involve the absorbing wall 
at grazing incidence;* the other those which 
8 P. M. Morse, J. Acous. Soc. Am. 11, 205 (1939). 
_ * Throughout this paper the term ‘‘grazing incidence”’ 
is used to refer to the modes of vibration characterized by 
normal frequency points lying in the lowest layer of the 
normal frequency diagram, even though the diagram may 
be so distorted by boundary absorption that the mode of 


vibration no longer has an angle of incidence at the ab- 
sorbing wall of exactly ninety degrees. 





involve the wall at other angles of incidence. 
For this grouping, the decay equation is written, 
p(t) No NV, 


Sioa ——=g~ Mist 4. 
p(0) 2k? kr? 


oor, (3) 


where No is the number of normal modes of 
vibration involving the absorbing sample at 
grazing incidence, N,, is the number at all other 
angles of incidence, and ky and k; are the decay 
constants associated with each group respec- 
tively and will usually appear as the final and 
initial slopes of the log p versus time decay 
curves. To evaluate the factors Ny and N, 
appearing in the coefficients of (3), two equations 
are taken, one from our previous paper and the 
other from a paper by D. Y. Maa.® Division of 


9D. Y. Maa, J. Acous. Soc. Am. 10, 235 (1939). 
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one of these equations by the other yields 


N, i 1.41 
— * —0.5+9+ (+= ), (4) 
] 4] at+c/Lf 


N 0 





where /, is the dimension perpendicular to the 
sample, 2/ is equal approximately to the sum of 
the other two dimensions, and »=2fl,/c. If 
further c/lf<z then, 

No i R 

— + —0.5-+9+— (5) 

4l 


Nn 


and (3) may be rewritten 


l, 
(; —0.5+— ) 
p(t) 1 4/ 


—— «& —<¢- st 4. __ ———e-**It, (6) 


p20) 2k,? ki? 


Therefore Eq. (6) and the computational charts 
for determining k; and k; allow one to compute 
readily a decay curve. Z/pc must be known for 
the absorbing wall and the two term analysis 
must be valid for the specific case involved. 

To check the applicability of Eq. (6) to a 
specific problem, decay constants were computed 
for our reverberation chamber with complete 
floor coverage using the values of Z/pc measured 
by the small tube method for the material. 
Then decay curves were measured to verify 
these computations using a high speed level 
recorder. The data could also be obtained by 
curve-tracing apparatus but these methods are 
not entirely satisfactory because they do not 
indicate the beginning of the decay curve. Hence, 
the portion of the total decay curve which the 
apparatus is measuring is not known. With the 
high speed level recorder this objection is over- 
come. A typical decay curve is shown in Fig. 6. 
In obtaining this the driving frequency was 
frequency modulated by +10 percent. The 
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Fic. 6. Typical decay curve as obtained by a 
high speed recorder. 
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source of sound was located in one corner of the 
reverberation chamber, and the microphone was 
rotated in the room to achieve space averaging 
of the sound pressure. To achieve better averag- 
ing it is necessary to obtain a large number of 
curves. To this purpose a control circuit was 
devised which turns off the loudspeaker each time 
a hole in the moving waxed paper actuates a 
small switch. Thus, by restarting the paper 
after each recording any number of decay curves 
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Fic. 7. Decay constants as computed and as measured for 
single wall coverage. 


can be superposed on each other and a successful 
average curve obtained. This is clearly shown in 
the above figure. The actuating hole can be seen 
at the extreme left. In Fig. 7 the dotted curves 
show the values of k; and k; for Celotex C-4 in 
our reverberation chamber as computed from 
Figs. 6 and 7 of the earlier paper.’ In this case 
1,=8 feet. Correction terms are included for the 
effects of absorption at the five untreated walls. 
The experimental data are shown by the solid 
curves. 

At frequencies below 250 cycles the agreement 
between computations and measurement is with- 
in the experimental error; it being difficult to 
determine positively the initial slope. Above this 
frequency the initial slopes as computed and 
measured diverge. Inspection of Eq. (6) shows 
that this occurs because the second term becomes 
small compared to the first for the large values of 
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Fic. 8 Effect of mounting conditions on the 
measured decay constants. 


This means that the first or 
term alone is contributing to 
the pressure decay. Hence, one should expect 
the measured decay constants to agree with 
those computed for grazing incidence. It is also 
true that with absorption at the side walls this 
first term should be further subdivided to take 
account of the different free paths possible in 
the chamber at grazing incidence. However, in 
the vicinity of a thousand cycles and above, 
the measured damping constant is larger by 
a factor of two to four than that predicted. 
Inspection of the computational charts shows 
that the impedance would have to be ‘‘adjusted”’ 
by factors even larger than two to four to bring 
the computations into agreement with the meas- 
urements. It seems very unlikely that the 
mounting conditions are enough different from 
those obtaining in the small tube to cause 
variations in Z/pc of this magnitude. It is 
equally unlikely that any variation of Z/pc with 
angle of incidence could be this large. The most 
plausible explanations are that there are sound 
diffusing agencies in the room such as the loud- 
speaker and baffle, the microphone boom, door 
jamb and door, lights, etc.; that the material 
does not lie perfectly flat on the floor; and that 
the room is not perfectly rectangular. The first 
two factors tend to divert the energy from the 
grazing modes of vibration to those with higher 
decay constants, thus increasing the predicted 
rate of decay. These effects are not as important 
at the low frequencies where it has been shown!? 
that the pressure configuration in the room is 


10R.H. Bolt, J. Acous. Soc. Am. 11, 184 (1939). 
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not appreciably affected by sizable distortions 
of the chamber, but become more important as 
the frequency increases. It is not yet possible 
to calculate the effect of small deviations from 
rectangularity on the sound decay. One can only 
surmise that perhaps many of the modes of 
vibration located on the zero-order layer of 
frequency space for a rectangular room will be 
shifted upward to higher layers. For the rec- 
tangular room the decay constants increase 
rapidly as the angle of incidence becomes less 
than 90°. As a specific example take the case of 
a chamber with /,=8 feet, f=4000 cycles and 
y/&=10/0°. The computed ‘‘grazing incidence’”’ 
decay constant is ky=0.102, with an actual 
angle of incidence of 89.5°. The decay constant 
for the first layer of normal frequencies above 
this is k;=0.98 with an angle of incidence of 
88.5°. The decay constant for the second layer 
is ko=2.9 with an angle of incidence of 87.5°. 
Hence the decay constant varies by a factor of 
ten for the first degree of shift and twenty-nine 
for two degrees of shift of angle of incidence on 
the material. It is seen that the effects men- 
tioned, i.e., diffusion and nonrectangularity, are 
in the right direction to increase the decay 
constant. It may be concluded, therefore, that 
the two-term analysis is valid for general com- 
putation, but that the effects of diffusing agencies 
in the rectangular room will be very important 
when the wave-lengths involved become com- 
parable to their size. 

With regard to mounting conditions, curves of 
decay constants obtained in the Sabine reverbera- 
tion are plotted in Fig. 8 for Celotex C-4. The 
dotted curves show the initial and final slopes 
for the one-foot square blocks lying loose on the 
floor, while the solid curves were obtained for the 
same material cemented to one-half-inch thick 
panels of sheet rock. The absorption is changed 
principally in the vicinity of the three hundred- 
cycle peak. This peak in absorption is associated 
with a resonance in the material indicated by 
zero reactance in the normal impedance at 700 
cycles. By cementing the material to a rigid 
backing, one might expect to stiffen it, thus 
shifting the resonant frequency to a_ higher 
value; which agrees with the measurements. 
Apparently, the cementing increases the absorp- 
tion at all frequencies except those in the range 
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ACOUSTIC IMPEDANCE OF 
of 150 to 300 cycles. One can hardly draw con- 
clusions from these data relative to the range of 
variation of impedance with variation of mount- 
ing conditions likely to be encountered in prac- 
tice. However, the normal impedance does change 
with different mounting conditions. One cannot, 
therefore, always expect to predict exactly the 
decay curves for full scale rooms based on data 
obtained by small tube measurements. To dupli- 
cate all mounting conditions likely to be en- 
countered in practice it is proposed that a small 
reverberation chamber, say, 4X6X7 feet be 
utilized for measurements and that explicit 
account be taken of the existing state of sound 
diffusion present. The details of this test chamber 
have not been worked out as yet, and computa- 
tional charts for more than two “‘layers’’ of 
normal frequencies in frequency space are not 
available. It should be pointed out here that it 
is possible to make serious errors in determining 
impedances from the shape of the decay curves 
alone.* For example, if the initial and final slopes 
of the decay curves as plotted in Fig. 8 were 
used along with the computational charts men- 
tioned above to determine the normal acoustic 
impedance of C-4, the dotted curves shown in 
Fig. 9 might be obtained. These are far removed 
from the correct impedance curves represented 
by the solid lines. To avoid this ambiguity, one 
first measures the impedance of the material by 
the small tube method to obtain the magnitude 
and shape of the curves. Then the small rever- 
beration chamber is used to obtain decay curves 
and from these the values of the tube im- 
pedances are adjusted to conformity. It was by 
this sort of procedure, using data taken in our 
reverberation chamber, that the solid lines in the 
above figure were obtained for C-4 cemented to 
sheet rock. The resonant frequency, mentioned 


TABLE II. Marble chamber 26" K 16’ 12". 














ComMPpuTED k 

MATERIAL MEASURED FROM TUBE 
ON MopE F 0 k MEASUREMENTS 

1G" C12" 1,0,0 | 260| 0 34 Ks 
same 1,1,0 | 471 |57 127 130 
same 1,0,1 | 585 |60 87 84 

ze Miz 1,0,0 | 249 |90 29.7 30.8 
same 2,0,0 | 486 |90 151 152 

26” « 16”’ 1,0,0 | 245 |90 32.6 41.5 
same 0,1,0 | 402 |90 15.7 11.7 
same 1,1,0 | 454 (90 171 165 
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above, has shifted from 700 to 1000 cycles due 
to the cement. 

In all of the theoretical papers using the con- 
cept of specific normal acoustic impedance it is 
assumed that Z/pc is independent of the direction 
of air particle motion at the surface of the 
sample. Monna"™ has shown that this is not 
necessarily true unless the velocity of propaga- 
tion of sound in the material is very much less 


IMPEDANCE CURVES AS 


DETERMINED BY THE 
REVERBERATION METHOD 


A — INCORRECT 
B — CORRECT 
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Fic. 9. Impedance curves computed from the slopes of 
decay curves obtained in a reverberation chamber. 


than that in the air. However, his treatment 
contains some doubtful assumptions which may 
restrict its generality and, hence, no directly 
applicable information can be deduced from it. 
To investigate experimentally the variation of 
impedance with angle of incidence, a model 
chamber was chosen in which to perform the 
measurements. The results for Celotex C-4 are 
tabulated in Table II. This material was placed 
successively over each of three surfaces and the 
damping constants determined by a variable 
frequency curve-width method.! The last column 
shows damping constants computed from the 
values of Z/pc as determined by small tube 
measurements (from Fig. 1). Good agreement is 
found for angles of incidence other than grazing, 
but at grazing incidence some variation is ob- 
served. This variation was related definitely to 
mounting conditions and could not be construed 
as being due to variations in normal impedance 
with angle of incidence. Similar results were 
obtained for J. M. Airacoustic samples. The only 
conclusion that can be drawn from these data is 


1! A, F, Monna, Physica 3, 129 (1938). 
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Fic. 10. ‘‘Ideal’’ impedance curves to give the same 
reverberation time and linear decay curves at all fre- 
quencies. 


that small changes in mounting conditions have a 
much more pronounced effect on the results pre- 
dicted from small tube measurements than do 
variations of Z with angle of incidence. This does 
not mean, of course, that there is no variation 
with angle of incidence for other materials or 
for other types of mounting conditions. Certainly, 
for example, large air spaces behind the sample 
will radically change its acoustical properties. 
These factors require further investigation. 

In the preceding discussion nothing has been 
said about the relation of the impedances com- 
mercially available to those required in practice. 
The general procedure followed by manufac- 
turers of sound absorbing materials is to attempt 
to obtain as large normal incidence absorption 
at low frequencies and as uniform absorption 
throughout the middle frequency range as pos- 
sible. This criterion of design is based on an 
attempt to supply materials that will correct 
auditoriums to have uniform reverberation times 
through the middle frequency range, and not 
too large reverberation times at the lower fre- 
quencies. Materials whose normal absorption as 
a function of frequency is of this type are 
generally satisfactory when used in large audi- 
toriums. This follows because if the material is 
not all concentrated and if the auditorium is not 
a perfect geometrical shape, any sound wave will 
eventually involve an area of material at some 
angle near normal incidence. However, if 
absorbing material is applied to the ceiling alone 
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of a rectangular room there will be many sound 
waves which travel back and forth across the 
sample at grazing incidence. The damping of 
these grazing incidence normal modes of vibra- 
tion is often very small. Hence, the material 
which was designed to give constant reverbera- 
tion times in an irregular auditorium fails 
miserably in a rectangular room with one wall 
alone treated. Potwin and Maxfield” suggest 
that the initial and final slopes of the decay 
curve should be equal and be of the same magni- 
tude at all frequencies. Inspection of Figs. 6 and 7 
in the earlier paper* show that there is a region in 
which this is true even for rectangular rooms with 
one wall treated. For the special case of ceiling 
treatment in an eight-foot-high rectangular room, 
‘ideal’ impedance curves were computed to give 
a value of ks=k,;=6.9 at all frequencies and are 
plotted in Fig. 10. It is highly improbable that 
such impedance curves could ever be obtained 
for a physically realizable material. Certainly a 
reactance curve having a negative slope over the 
entire frequency range is impossible for electrical 
networks, as has been shown by Foster." 

It is interesting to see the type of reverberation 
curves likely to be encountered in practice if a 
highly absorbent material is applied to the 
ceiling alone of different rectangular rooms. 
Figure 11 shows computed values of the final 
slope and of the ratio of final to initial slopes 
for rooms of four different sizes. It is apparent 
that ceiling treatment alone is unsatisfactory. 
Of course, when the ratio becomes as small as 
that which is shown for the higher frequencies, 
the allowed vibrations that would ordinarily 
contribute to the initial slope will not be excited 
and the pressure contributions to the decay 
curve will be supplied by the grazing incident 
modes of vibration alone. It is likely that such 
a room, in which only a few modes of vibration 
contribute to the support of the source of sound, 
will be highly unsatisfactory acoustically. 


CONCLUSIONS 


The existence of an important imaginary com- 
ponent of impedance at all frequencies was 
found for almost all materials. This means that 

2 C. C. Potwin and J. P. Maxfield, J. Acous. Soc. Am. 11, 


48 (1939). 
13R. M. Foster, Bell Sys. Tech. J. 3, 259 (1924). 
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ACOUSTIC IMPEDANCE OF 
Eq. (1) written for a real impedance is seldom 
valid. The more general form, valid for small 
absorptions, is suggested, namely, 


Z cos 6—pc 
Pon pce ) 

Z cos 6+ pc 
wherein Z may be complex. This formula is not 
applicable to the problem of grazing incidence 
absorption. It is important to note that the 
magnitude and sign of the reactance term play a 
very important part in the determination of the 


grazing incidence decay constant in a room, and 
that the grazing incidence group of modes may 
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Fic. 11. Computed decay constants for rectangular 
rooms in which one wall is covered with a highly absorbing 
material. 
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be the most important one contributing to the 
support of sound. 

The two-term decay equation is valid at most 
frequencies for the case of one wall highly ab- 
sorbing. However, the effects of diffusing agencies 
must be considered whenever their dimensions 
are comparable to the wave-lengths involved in 
the measurements. 

Changes in mounting conditions do alter the 
values of the normal acoustic impedances as 
determined in a small tube. It is suggested that 
the variations on these data be determined by 
measurements in a small reverberation chamber 
whose size is large enough to allow duplication 
of the mounting conditions to be found in 
practice. 

Measurements performed in a model sound 
chamber show that the effect of variation of 
angle of incidence on the normal impedance is 
less than that produced by small changes in 
mounting conditions. Further measurements 
must be performed to establish this for other 
materials and other mounting conditions. 
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An indirect experimental check is now obtained for the 
calculated ‘‘shape factor’ for an absorbing strip of material 
in a reflecting wall, reported previously The effect of the 
strip on each of the component “partial waves’’ in the 
incident plane wave is studied by placing the strip in a 
special enclosure, the shape of which allows the partial 
waves to be studied individually as isolated normal modes 
of vibration. A semicylindrical room is employed; its 
concave wall tends to ‘focus’ sound upon the center of 
the opposite, flat wall on which the absorbing panel is 
centered. If the wave equation is set up in elliptic cylinder 
coordinates with the edges of the panel as foci, the bound- 


ary conditions are readily satisfied. The theory is strictly 
applicable to a semielliptical room only, but holds well in 
the semicircular for strip widths up to one-third the 
diameter. The experimental enclosure has a 14-inch radius, 
a “thickness” of 4 inches between the parallel walls, and 
is constructed with highly reflective metal surfaces. The 
selective damping of various normal modes is investigated 
for strip widths from about one to ten inches, for several 
values of normal acoustic impedance. The results sub- 
stantiate the calculated values of “shape factor’ which 
were given in the previous paper. 





INTRODUCTION 


HE abnormally high absorbing ability of 

small areas of acoustical material has been 
recognized for many years.! This ‘‘area effect’’ or 
“‘edge effect’’ has been attributed, correctly, to 
diffraction phenomena. The quantitative treat- 
ment of area effect has had to await the develop- 
ment of suitable wave analyses. The requisite 
mathematical technique is now available® and 
has been applied to absorption calculations for 
plane, free sound waves striking a long strip of 
absorbing material set in the surface of a large, 
reflecting wall.’ 

Before applying this theory to a variety of 
shapes and arrangements of absorptive areas, 
such as are met in practice, one would prefer to 
obtain experimental verification of the essential 
adequacy of the general mathematical technique. 
A direct check, using very long strips of material, 
a large plane surface, and accurately plane 
waves, is difficult experimentally. However, the 
same mathematical methods may be used to 
analyze a modified case which lends itself readily 
to experimental measurements. 

* Presented at the Meeting of the Acoustical Society of 
America, Washington, D. C., April 30, 1940. 

+ National Research Fellow in Physics. 

1 John S. Parkinson, J. Acous. Soc. Am. 2, 112 (1930); 
V. L. Chrisler, J. Research Nat. Bur. Stand. 13, 169 (1934); 
P. E. Sabine, J. Acous. Soc. Am. 6, 196 (1935); R. M. 
Morris, G. M. Nixon and J. S. Parkinson, ibid. 9, 234 
(1938) and others. 

2P. M. Morse and P. J. Rubenstein, Phys. Rev. 54, 895 


(1938). 
3 John R. Pellam, J. Acous. Soc. Am. 11, 396 (1940). 


24 


A semicylindrical enclosure is employed, with 
an absorbing “‘strip’”’ of material centered on the 
diametric wall. The analysis of this case yields 
a simple formula for the damping of the normal 
modes of vibration, the experimental verification 
is relatively easy to obtain, and the apparatus 
may be built on a conveniently small scale. 


‘THEORY 


The previous analysis of the free wave case’ 
was Carried out using elliptic cylinder coordinates. 
This system, illustrated in Fig. 1, is capable of 
satisfying the boundary conditions both at the 
strip and at the wall, and is given by the trans- 
formations: 

x =(d/2) cosh (e€) cos (@), 


Y doo (d, 2) sinh (e) sin (o), (1) 


in which ¢ and ¢ are the new parameters. These 
equations represent a family of confocal elliptic 
cylinders with the two edges of the absorbing 


ELLIPTIC CYLINDER COORDINATES 





Reflecting Wall Retiecting Wall 


Absorbing Strip 


Fic. 1. Elliptic cylinder coordinate system. 
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ABSORPTION BY SMALL 
strip of width d as foci, and with eccentricities 
as determined by the new parameter e. When 
«0, the ellipses degenerate into cross sections 
of the absorbing strip and, accordingly, the 
boundary requirement at the surface of the 
material may be satisfied. This requirement is: 


pc\ rd 
Op a= i( ) sin (¢) P, (2) 
SF 


in which p=excess sound pressure, \=wave- 
length of sound, pc=specific acoustic impedance 
of air, z=acoustic impedance of absorbing strip 
and d=strip width. 

If, on the other hand, « becomes large, the 
elliptic semicylinders assume semicircular cross 
sections and thereby suggest a particular en- 
closure in which boundary conditions may be 
satisfied: a semicylindrical room having an ab- 
sorbing strip of width d centered axially on its 
flat, diametric wall. The theory will hold strictly 
for a truly semielliptical room only; but as long 
as the strip width d is less than about one-third 
of the room diameter, the error introduced by 
the semicircular approximation should be unde- 
tectable experimentally. This enclosure will, 
furthermore, sustain normal vibrations of varied 
character all the way from purely “‘angular”’ 
vibratory motion in which the air “‘sloshes’’ past 
the strip, to purely “‘radial’’ motion in which the 
sound is ‘‘focused”’ directly upon the strip. A few 
typical modes of vibration are shown in Fig. 2. 

If the wave equation 
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Fic. 2. Normal modes of vibration in semicylindrical 
enclosure. Shaded and white areas are regions of opposite 
phase. The normal frequencies ym,, are computed for a 
radius of 14” as used experimentally. 


V2p>=— — (3) 


is solved in the orthogonal elliptic cylinder coor- 
dinate system, the solution may be expressed as 
sums of the products of two even Mathieu func- 
tions, of types 

Se,(8, cos ¢)Re,'(8, cosh e) 


and (4) 
Se,(8, cos ¢)Re,!"(B, cosh e), 


in which Se,(8,cos ¢) is the “angular” func- 
tion depending upon 9, Re,/(8,coshe) and 
Re,!'(8, cosh e) are the ‘‘radial”’ functions, and 
B=7d/X is, in the case of damped modes of 
vibration, complex. There exists a corresponding 
set of odd Mathieu functions; these are eliminated 
immediately, however, by the boundary condi- 
tion of zero normal velocity at the reflecting part 
of the diametric wall. 

Hence, for a particular normal mode of vibra- 
tion, the pressure is represented by 


Pnn= >, Ao" Se,(B, cos ¢)[ Re,!(8, cosh €)+tan yqnRe,!!(8, cosh e) ], (5) 


q 


in which m and n are the normal mode designation numbers and A ,”" are the coefficients of the series. 

Next, the boundary condition Eq. (2) at the strip may be introduced. After pm» is substituted 
in this differential equation, the results are multiplied by Se,(8, cos @) and integrated with respect 
to ¢ from 0 to 2x. Applying the orthogonality conditions that 


f Se,7(B, cos d)do= Nj, f Se,(B, cos ¢)Se,(B, cos ¢)d@=0, g#r, (6) 


0 0 


one obtains a complicated determinant equal to zero. 
However, it may be shown that only the diagonal terms are important as long as the square of 
the ratio of the damping constant & to the ‘angular frequency” w of the vibration (k/w)? is small, 


as is true in actual cases. 
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A typical diagonal term thus equated to zero will be: 





0Re,,! (8, cosh e) 0Re,!!(8, cosh e) pc\ rd . 
wf — +tan Ymn 7 i(~)~romL Rent, 1)+tan Fuku B, cosh e) ] (7) 
Oe de zJ x 
as e€—0. Imm has been defined in reference 3 as: 
| -{ isin $| Sen?(B, cos o)d¢. (8) 


0 


The quantity ymn is determined by the outer boundary conditions. When e=E, at the outer 
concave wall, the normal particle velocity must be zero, and so 


(0p/de) -r =0. 














Hence 
dRe,'(8, cosh e) 0dRe,!'(8, cosh e) 
> A,”"Se,(B, cos | — +tan Yon = |-° (9) 
q de de 
when «=£; and thus, for g=m, 
0Re,,'(8, cosh e€) 
de 
tan ¥nn=— ——__—_——, (10) 
0Re,,!!(B, cosh e) 
de 
However, for large values of (6 cosh e), 
1 2m+1 
Re,,!(8, cosh €) > —————— cos E cosh e—————r ], 
(B cosh e)? 4 
(11) 
1 2m+1 
Re,,!'(8, cosh €)—> ——— sin E cosh nel 
(B cosh e)? 4 
and ym, can be shown to be given by the simple expression 
Ymn=tRmn(a e, (12) 


in which a is the radius of the enclosure, c is the velocity of sound in air, and k,,, is the required 
damping constant of the (m, m) normal mode of vibration. Hence Eq. (7) becomes 


rd { pc dRe»' (8, cosh €) 
=(~) Lanktta' (8, 1) —N» on } 




















Rmnl Zz de 
tanh ( )- ——_—_—— —_—_—— (13) 
Cc __ ORe,!'(B, cosh e) rd pc 
tNm +—Inm{ — } Ren!'(B8, cosh e€) 
de r Z 
for «=0. 

Remembering that when 8 is complex. Also, if the value of pc/z does 
dRen!(B, cosh e) not exceed about 0.25 the second term in the 
aoe : =() denominator may be neglected and, for small 

de values of m: 
when £ is real, we can show by Taylor’s expansion tanh (Rmn@/C) = nme **. (14) 
that, for k/w<1, mm has been defined in reference 3 as: 
0Re,,!(B, cosh e) 1 rdf pc\ Imm 
ae a =0 Qmm >= ( : ) ax, 
de Nn d | 3 | 2mm" 
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Fic. 3. Theoretical damping coefficients km», divided by 
the impedance ratio pc/z, in which z is the complex normal 
acoustic impedance of the absorbing strip. The integers m 
and are the “‘radial” and ‘‘angular”’ designation numbers 
for normal modes of vibration in a semicylindrical en- 
closure. 


yg is the phase angle of the complex impedance 
of the absorbing material. For small values of 
pc/|z|, the a@mm’s are small and there results, 
retaining only real parts of Rmn: 
4 
Rmn=—Amm COS ¢. (15) 
a 


This formula gives a result which appears at 
first sight to be independent of the radial desig- 
nation number n. However, since the quantity 
Qmm is a function of wave-length, the value of 
mm and hence k»,» will depend upon the radial 
number . 

In Fig. 3 are plotted a number of damping 
curves computed from Eq. (15). These curves 
clearly illustrate the damping properties of the 
different ‘‘types’’ of modes of vibration. 

The significant fact concerning Eq. (15) is its 
simple nature. This is to be expected when one 
realizes that for the very special case of the 
semicylinder, the diffracted waves set up by the 
absorbing strip should be of a form given by one 
Mathieu function. Since both the “incident’’ 
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and the ‘“‘scattered’’ waves in this case are ex- 
pressible by the same kind of functions, one term 
in the expansion should suffice, within the limits 
indicated. This will be explained more fully in 
the conclusion. 


EXPERIMENTAL METHOD 


The experimental procedure involves measur- 
ing the damping of normal modes of vibration 
of a semicylindrical enclosure with different 
widths of absorbing material placed on the 
diametric wall. Sound is generated by a G.R. 
713-B beat-frequency oscillator driving a W.E. 
555 loudspeaker unit, to which is attached a }” 
diameter multiple capillary tube* leading into 
the enclosure. The sound is picked up by a crystal 
sound cell. Damping is measured by the reso- 
nance curve width method.‘ 

The enclosure, pictured in Fig. 4, has been 
designed to be as highly reflective and massive 
as possible, for reasons discussed previously.® 
These precautions are particularly important in 
the present experiment as the absorbing material 
forms only a small fraction of the entire wall 
surface. The damping due to the absorbing strip 
itself must be obtained by subtracting the value 
measured in the empty chamber from the total 
damping, so it is necessary to keep the “‘back- 
ground” damping as low as possible. 

The semicylinder has a radius of 14’ and a 
width of 4’ between the parallel walls. The 
curved wall is formed by a 4” brass strip, 33” 
thick, screwed into a concave wooden frame. A 
hollow space in the frame is filled with sand, 
giving the brass strip a backing of at least one 
inch depth of sand behind three-fourths of the 
width of the strip, along its entire length. 

The parallel sides of the smicylinder consist of 
massive steel walls of a “sound exploring 
chamber” which has been designed to be adap- 
table to a number of small-scale experiments. A 
simplified sectional drawing of this chamber, 
without the curved wall structure, is shown in 
Fig. 5. The walls consist of §’’ patent-leveled 
steel sheets, 3642’’, screwed to a welded chan- 
nel-iron frame 4’ deep. The back of this frame 
is covered with plywood and the 4” space 


4F. V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 
5 R.H. Bolt, J. Acous. Soc. Am. 11, 184 (1939). 
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Fic. 4. “Sound exploring chamber”’ assembled with semi- 
cylindrical enclosure. A—crystal sound-cell microphone, 
B—strip of absorbing material centered in diametric 
wall, C—rubber gasket to seal enclosure when steel top 
plates are laid over the openings on each side of the ab- 
sorbing material, D—loudspeaker unit and multiple 
capillary sound source. 


between the face and back is filled with sand. 
This construction has proved amply rigid and 
massive in the frequency region used, and appears 
to be satisfactory for even lower frequencies. The 
walls are assembled on a welded angle-iron frame 
which is fitted with rubber-cushioned casters. 

For the present experiment the walls are 
placed with their inner faces 4’’ apart, and the 
curved wall structure is inserted so that its 
diameter is level with the tops of the steel wall 
faces. 

Transmission curves, Fig. 6, covering a large 
number of normal frequencies, were obtained on 
a high speed level recorder which was geared to 
drive the oscillator dial. The identification of the 
normal modes of vibration was facilitated by 
moving the microphone on a sliding carriage 
fitted to a rotating arm pivoted near the center 
of curvature of the cylindrical walls. The rotating 
arm was removed, and the microphone placed in 
a corner, during the quantitative measurements 
on individual resonance peaks, since the absorb- 
ing effect of the arm was found to be appreciable. 
Several absorbing materials were employed in 
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order to obtain a qualitative check of the theory 
for a number of impedance values. Most of the 
precise measurements were made using Acousti- 
Celotex C4, with its reverse side exposed to the 
sound, cut into strips of {, 2, 4, 6, 8, and 10 
inches in width. These pieces were placed across 
the top of the chamber at the center. The re- 
maining, reflective portion of the diametric wall 
of the enclosure was formed by a pair of 3” steel 
plates, bolted down to the top of the steel side 
walls. All edges were sealed with rubber gaskets, 
and sand bags were piled on top of the completed 
chamber to damp out vibrations of the top 
plates. 


RESULTS 


Typical normal modes of vibration have been 
illustrated in Fig. 2. Consideration will reveal 
that these should be capable of classification into 
three separate groups. The two modes of vibra- 
tion shown at the extreme left involve motion of 
air particles mainly tangential to, or grazing, the 
absorbing strip. It would thus seem logical that 
the damping coefficient for these modes should 
be small, and this reasoning is verified by both 
theoretical and experimental results, as will be 
shown. These modes of vibration, for which 
n=0, have been labeled ‘S’’ modes, denoting 
small absorption. In the other extreme, for modes 
having zero value of the subscript m, and involv- 
ing only radial vibration, the sound is “‘focused”’ 
upon the absorbing strip and large absorption 
should occur. This is substantiated by both 
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DIMENSIONS 
OF ENCLOSURE: 
6" = 29° » 36° 
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Fic. 5. Simplified sectional drawing of model chamber for 
small-scale room acoustics investigations. The steel faces 
are placed 4” apart to accommodate the semicylinder for 
the present study; other spacings up to 8”, as shown in the 
drawing, may be used for subsequent experiments. 
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ABSORPTION BY SMALL 
theory and experiment, and this type is desig- 
nated by ‘‘L’’ for large damping. In intermediate 
situations, in which neither m nor n is zero, and 
in which the oscillations are both radial and 
angular, medium amounts of absorption occur; 
these are type ‘‘M”’ modes of vibration. 

Referring to Fig. 3, which gives the theoretical 
damping constant k (dividing by pc/z to make 
the results independent of the material used) 
plotted as a function of strip width d, one sees 
that the segregation into distinct types occurs. 
The “ZL” type modes, (0,”), involving the 
“focused” sound, are seen to have high values 
of k/(pc/z). On the other hand, the ‘S”’ modes 
are grouped together at very low values of 
damping. The intermediate, type ‘‘M”’ modes of 
vibration, with both radial and angular motion, 
have small absorption for small strip widths, 
large absorption for large d, and are grouped 
together as would be expected. 

Having made these predictions as to the 
damping properties, one is desirous of obtaining 
qualitative measurements to see if this “‘group- 
ing’ of the various modes into distinct classes 
actually exists. Results of this nature are illus- 
trate 1 in Fig. 6 which gives plots of the sound 
level in db as a function of the frequency in c.p.s., 
obtained on a high speed level recorder as 
described previously. The top curve in Fig. 6 was 
taken with no absorbing strip in the enclosure, 
the middle plot with a four-inch strip in the 
center of the flat wall, and the lowest with a ten- 
inch strip. A curve of this sort is really a 
“‘spectrum”’ of the enclosure, the group of curves 
shown here representing a ‘‘spectral analysis’’ 
for various conditions of damping. Following the 
notation based on theoretical reasoning, the 
peaks are labeled ‘‘S,”’ ‘‘M,”’ and “L.” 
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__ Fic. 6. Frequency spectrum of semicylindrical enclosure 
illustrating selective damping of normal modes of vibra- 
tion. 


AREAS OF 


ABSORBING MATERIAL 29 

Inspection of Fig. 6 reveals that these curves 
behave as predicted. The ‘S’’ modes show prac- 
tically no change in resonance curve width, in- 
dicating truly small absorption. The “L’’ type 
modes of vibration, on the other hand, are in 
most cases greatly broadened by introduction of 
a four-inch strip and are practically nonexistent 
with the ten-inch strip. 

The predicted results were substantiated with 
only one exception, occurring at about 820 c.p.s., 
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Fic. 7. Experimental damping coefficients k measured 
for normal modes of vibration in semicylindrical enclosure 
with absorbing strip of width d centered on the diametric 
wall. 


which is the computed normal frequency of the 
(1,1) mode of vibration, an ‘““M”’ type. It was 
finally found that the (4,0) mode, an “L”’ type, 
lay so close in frequency that the two were 
merged, and this accounted for the apparently 
anomalous behavior of the 820-c.p.s. peak. 
About twice as many peaks were examined (at 
higher frequencies) as are shown in Fig. 6, and in 
no case was there any disagreement. Thus quali- 
tative verification of the theory was obtained. 
Complete substantiation of theory, however, 
requires experimental check on the shapes of the 
damping constant curves of Fig. 3. Employing 
the peak-width method, damping constants were 
measured as a function of strip width, and the 
results are shown in Fig. 7. The damping con- 
stant k is obtained from the peak-width data 
by the formula: k=7(év), in which 6» is the 
width in c.p.s. of the resonance curve at the 
level for which the pressure p is given by 
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(p/Pmax)* =}, which is approximately 3 db below 
the maximum. 

Comparing Fig. 7 with Fig. 3 one sees that all 
of the experimental curves have essentially the 
same shapes and about the same relative posi- 
tions as the corresponding theoretical curves. 
For example, the damping of the (0,5) mode 
increases sharply to a maximum and then drops 
off for wider strips, the maximum occuring at a 
strip width of about 5” as predicted. At the other 
extreme, the (2,0) mode exhibits no significant 
amount of damping, at least up to 8”. 

For several reasons, however, a detailed, exact 
correlation is hardly to be expected. In the first 
place the impedance magnitude and phase angle 
of the absorbing material vary with frequency. 
In order to superpose the experimental data on 
the calculated curves, each curve of Fig. 7 must, 
therefore, be divided by a particular value of 
pc/z, and a different value of this ratio must be 
used for each mode of vibration. 

Accurate verification is also limited by the 
experimental error, which is probably about 
+0.5 c.p.s., in the measurement of the peak 
width 6v. Among other possible sources of dis- 
agreement should be mentioned the difficulty 
of reproducing mounting conditions for the 
absorbing material, variations of the enclosure 
from true semicylindrical shape, the limited 
range of values of d and z for which the simple 
theoretical result is valid, and certain simplifying 
assumptions in the derivation. In spite of these 
possible difficulties, it is found that the experi- 
mental curves of Fig. 7, when converted to 
k/pc/z by appropriate factors, agree with the 
theoretical curves of Fig. 3 within the experi- 
mental error. 


CONCLUSION 


In conclusion, .one might say that the present 
experiment deals with a very special but sig- 
nificant case. In the general treatment of scat- 
tering and diffraction of waves, one finds it 
convenient, if not essential, to express waves of 
one form as a series (or integral) of component 
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waves of another form.’ For example, a plane 
wave may be expanded in terms of cylindrical 
waves in order to compute the scattering of plane 
waves by cylindrical objects. If the incident and 
the scattered (or ‘“‘reflected’’) waves happen to 
be of the same shape, both waves are automati- 
cally expressible in the same coordinate system, 
so that a single type of wave function is sufficient 
to describe the resultant wave motion. Such is 
the case if an infinite plane wave falls normally 
on a plane wall of infinite extent, covered com- 
pletely with uniformly absorbing material; both 
the incident and the “‘scattered’’ waves are plane, 
and are most conveniently expressed in rectan- 
gular coordinates. If, on the other hand, a plane 
wave falls on a strip of absorbing material of 
finite width, the scattered wave is not plane, but 
turns out to fit elliptic cylinder coordinates.’ 
If, now, the incident wave can be forced to be 
of this same elliptic cylindrical shape, there will 
again result a simple kind of wave motion, ex- 
pressible by a single type of function. Such is the 
case, to a very good approximation, in the semi- 
cylindrical enclosure. Thus it is clear why the 
theoretical formula for the damping constant, 
Eq. (15), turns out to be so simple in form; it 
consists of only one term, expressed in elliptic 
cylinder functions. 

The satisfactory agreement between the experi- 
mental measurements and the analysis of this 
special case substantiates the essential correct- 
ness of the underlying theory. We can therefore 
proceed with confidence to apply this theory, 
within its limits of applicability, to calculations 
on the diffraction of sound by absorptive ma- 
terials, the ‘‘area effect,’ and numerous other 
problems of practical interest. 

The authors are indebted to Professor P. M. 
Morse for his active interest and helpful sug- 
gestions, and to the Electrical Engineering 
Department of the Massachusetts Institute of 
Technology for cooperation in the use of experi- 
mental facilities. 


6P. M. Morse, Vibration and Sound (McGraw-Hill, 
1936), p. 155; p. 262. 
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A method has been developed for obtaining a wide 
range of impedance values, both as to magnitude and 
phase angle. In one form, a variable impedance unit 
consists of (1) a steel face with perforations of variable 
area (obtained by overlapping identically drilled plates), 
(2) a “resistance” element—a layer of porous absorbing 
material with appropriate flow resistance, (3) a ‘‘mass”’ 
element—a solid board through which small channels are 
drilled at uniform spacing over the whole surface, and (4) 
a “stiffness” element—a cavity of variable depth backed 
by a rigid steel plate. The behavior can be predicted 
approximately by analysis of an equivalent electrical 
circuit. A unit with face 88” has been built and cali- 
brated, at several frequencies, using a straight acoustic 


INTRODUCTION 


ECENT studies of room acoustics suggest 
that the appropriate physical quantity for 

describing the absorbing properties of a material 
is its acoustic impedance. Furthermore, for many 
materials, the normal acoustic impedance, i.e., 
the complex ratio of pressure to the normal 
particle velocity at the surface, appears to be 
sufficient to determine the acoustic behavior.'~ 
This concept has been incorporated into theo- 
retical analyses,'~* and its essential correctness 
has been established for certain cases by experi- 
mental observations.* ® 

In the light of these developments, we have 
undertaken a study of certain aspects of acoustic 
impedance, with a view to synthesizing struc- 
tures with controllable or prescribed sound 
absorbing characteristics. In the first place, there 
are some interesting predictions regarding the 
individual normal modes of vibration in rec- 
tangular rooms which should be checked.! Par- 
ticularly for walls of very low impedance values, 

* National Research Fellow in Physics. 

1P. M. Morse, ‘“‘Some aspects of the theory of room 
acoustics,” J. Acous. Soc. Am. 11, 56 (1939). 

* P. M. Morse, ‘The transmission of sound inside pipes,’ 
J. Acous. Soc. Am. 11, 205 (1939). 

3 F. V. Hunt, L. L. Beranek and D. Y. Maa, ‘‘Analysis of 


sound decay in rectangular rooms,”’ J. Acous. Soc. Am. 11, 
80 (1939). 
_*F. J. Willig, ‘Comparison of sound absorption coeffi- 
cients,’ J. Acous. Soc. Am. 10, 293 (1939). 

°N. B. Bhatt, “Effect of an absorbing wall on the decay 
of normal frequencies,” J. Acous. Soc. Am. 11, 67 (1939). 


’ 


impedance line of the same sectional area. The useful 
range appears to include phase angles from —60° to +45° 
and magnitudes of z/pc from 0.4 to 10, for frequencies 
between 250 and 800 c.p.s. Normal incidence ‘‘absorption 
coefficients” of 99 percent have been obtained. In using 
this type of impedance structure with non-normally inci- 
dent sound it is found necessary to break up the backing 
cavity into cells of transverse section small compared 
with a wave-length. This modification minimizes tangential 
components of particle velocity and renders the specific 
acoustic impedance at the face essentially independent of 
angle of incidence and of the area of the surface, and 
yields a marked increase in ‘‘average absorption coefficient.” 


marked distortions of the wave patterns should 
occur. Also, the relation between wall impedance 
and the damping of a normal mode of vibration 
is not simple; in some cases the damping coeffi- 
cient goes through a maximum and then de- 
creases as the wall impedance changes from high 
to very low values.' A variable boundary 
impedance for a test chamber would facilitate 
the experimental study of these effects. 

A number of types of absorbing wall structures 
have been studied.*"' These types include non- 
porous diaphragms spaced from a wall, one or 
more layers of porous material spaced from a 
wall, absorptive boards with holes, combinations 
of porous materials with perforated boards, and 
many other variations. While most of these 
studies have been made in terms of ‘‘absorption 
coefficients,’” we shall in considering such struc- 
tures deal directly with the more fundamental 
quantity, the complex acoustic impedance. The 

6 E. Meyer, ‘“‘Reverberation and absorption of sound,” 
J. Acous. Soc. Am. 8, 155 (1937). 

7E. Wintergerst and H. Klupp, “Fundamental in- 
vestigations of sound absorption,” V. D. 1. 77, 91 (1933). 

8 W. Williams, ‘“‘Sound absorption by means of damped 
resonators,’” Akustische Zeits. 4, 29 (1939). 

*R. Rogers, “The absorption of sound by vibrating 
plates backed with an air space,’’ Acoustische Zeits. 10, 280 
(1939); H. A. Leedy (on same subject), zbid. 10, 288 
(1939). 

10S. N. Rschevkin, ‘High coefficients of sound absorp- 
tion by using systems of resonators,’ Comptes rendus 
(Doklady) de l’Acad. des Sciences, U.S.S.R. 18, 25-30 
(1938). 


1 E. H. Bedell, “‘Some data on a room designed for field- 
free measurements,” J. Acous. Soc. Am. 8, 118 (1936). 
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Fic. 1. Photograph of variable impedance unit with 
8x8” usable absorbing area. The unit is designed to 
mount on the end of an impedance measuring tube or 
flush in the wall of small test chambers. 


dependence of this quantity upon angle of 
incidence of the sound will be of interest to us. 
We find cases in which the normal acoustic 
impedance is not sufficient to describe com- 
pletely the absorbing properties. 

The present study may, furthermore, lead to 
information of practical interest, suggesting 
highly absorptive structures or new lines of 
attack in the development of acoustic materials. 


DEVELOPMENT OF VARIABLE IMPEDANCE FOR 
SOUND AT NORMAL INCIDENCE 


The sound absorbing structures considered in 
the present study consist of various combinations 
of (1) ‘“‘mass” elements—boards or plates perfo- 
rated with small channels of fixed or variable 
area; (2) ‘‘stiffness’’ elements—cavities of fixed 
or variable depth, broken up when necessary 
into a cellular honeycomb structure of cross- 
sectional dimensions small compared with a 
wave-length; and (3) ‘resistance’? elements— 
layers of porous absorbing material with appro- 
priate flow resistance. 

One form of variable impedance unit is shown 
in Fig. 1, and a sectional drawing of the essential 
features in Fig. 2: The main box is formed of 
four 8X12” steel plates §”’ thick, screwed to the 
inside surfaces of two milled flange castings. 
The flanges serve to mount the unit either on 
the end of an 8X8” impedance tube or in the 
wall of small test chambers. The depth of the 
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cavity D can be varied from 0 to 10”, and is 


vr 


determined by the position of the }”’ steel plate 
E moved by a lead-screw of 20 threads per inch. 
The motion of this plate is maintained accurately 
rectilinear by means of four guide-rods sliding 
in reamed bushings. Air leakage around the 
plate E is minimized by graphite packing forced 
into a milled groove around the edges of the 
plate. 

Sound penetration through the face A is 
controlled by perforations of variable area. Three 
adjacent steel plates are identically drilled with 
uniformly spaced holes which may be closed 
partially or completely by sliding the middle 
plate. The holes are }”’ in diameter, spaced 3” 
on centers in staggered rows. The outer plates 
are 0.1" thick, the center plate is 0.04” thick, 
and the three plates are securely screwed to- 
gether and to the flange of the main box, forming 
a fairly rigid face structure. As will be pointed 
out later, however, the face vibrates appreciably 
in some cases, indicating that heavier plates 
would be preferable. The center plate is moved 
by means of a micrometer drive reading to 
0.001’ motion of the plate. For certain imped- 
ance values the face A is omitted. 

A typical “‘filler,”” as shown in Fig. 2, consists 
of a porous felt pad B and a wooden block with 
drilled channels C. Other filler combinations are 
used to obtain various impedance characteristics. 

The behavior of the acoustic elements used in 
the variable impedance has been investigated 
both theoretically and experimentally.* '° 8 To 
facilitate discussion of the design and the results 
let us tabulate the variables and parameters: 


d=depth of main cavity or ‘‘stiffness’’ element. 
h=displacement of central movable plate in 
perforated face from closed position: when 
h=0 are closed; when h=0.25, holes are 
completely open, their diameter being 0.25”. 
1, =effective length of openings in face plate A. 
‘‘mass”’ 


lc=effective length of channels in 


element board. 


12K. Schuster and W. Stohr, ‘‘Construction and proper- 
ties of a variable acoustic resistance standard,”’ Akustische 
Zeits. 4, 253 (1939); Review: J. Acous. Soc. Am. 11, 492 
(1940). 

13 M. Rettinger, ‘‘Theory of sound absorption of porous 
materials,’ J. Acous. Soc. Am. 6, 188 (1935); 8, 53 (1936). 
Reference to work of A. Gemant and others. 
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S,=ratio of the total area of the openings in the 
face to its total area. 
Sc=ratio of the total area of the channels in 
‘‘mass” element board to its total. area. 
g=specific acoustic impedance at face of 
variable impedance unit, in general a 
complex quantity. 

p=density of air. 

c=velocity of sound. 

pc=characteristic impedance of air=42 c.g.s. 
units. 

R=flow resistance per unit area of the porous 
layer. 


The specific acoustic impedance looking into 
the face A may be represented by an equiv- 
alent electrical circuit, which in a_ simpli- 
fied form is given in Fig. 3. The four divisions, 
A, B, C, and D, of this circuit correspond to 
the four similarly marked elements drawn in 
Fig. 2, i.e., the variable face, resistance material, 
perforated board, and variable cavity, respec- 
tively. The face A behaves primarily as a 
variable inductance of magnitude pl4/Sa. When 
the holes are closed, the face acts, at least at 
low frequencies, as a small capacity of magnitude 
determined by the stiffness of the plates. The 
porous material B acts as a series resistance of 
magnitude R, though it also introduces a series 
reactance and capacity to ground which must 
in some cases be considered. The channels in C 


4 P, M. Morse, Vibrations and Sound (McGraw Hill, 
1936), p. 208. 
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DEPTH OF CAVITY 
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Fic. 2. Sectional drawing of the variable impedance unit. 


are similar in behavior to the openings in the 
face plate A, and provide additional inductance 
of magnitude pl¢/Sc. The variable cavity D, 
provided its depth d is less than a quarter of a 
wave-length, is a variable condenser of capacity 
d/pc?. Inasmuch as the circuit is used as a guide 
rather than for quantitative prediction, a com- 
plete equivalent circuit including the impedance 
of the back plate E etc. is not included in the 
present discussion. Approximate calculations for 
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Fic. 3. Simplified equivalent electrical circuit of the 
variable impedance unit. The variable inductance repre- 
sents the apertures of the face A of Fig. 2, with shunt 
capacity representing the stiffness of the face plate. The 
resistance is the flow resistance of porous material B, 
which adds also a small series inductance (mass of air in 
pores) and capacity to ground (stiffness of air in pores). 
The fixed inductance comes from the channels of air in C; 
the variable condenser from the stiffness of air in variable 
cavity D. 


the circuit given here were used in deciding 
upon the values for d, S., /., etc. 


CALIBRATION 


The variable impedance was calibrated by the 
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Fic. 4. Calibration 
curves for variable im- 
pedance with filler A, 
a single layer of 3” 
: porous hair felt. Phase 
angle (upper) and magni- 

tude |z/pc| (lower) are 
a plotted as a function of 
cavity depth in inches for 
four frequencies. 
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“hyperbolic tangent method.’'>"* In this 
method, the material to be measured terminates 
a long tube of uniform section. If a plane wave 
of a given frequency travels down the tube with 
partial reflection at the termination, the magni- 
tudes and positions of the pressure maxima and 
minima in the resulting standing wave are 
determined uniquely by the complex acoustic 
impedance of the material which terminates the 
tube (except for dissipation along the tube and 
other effects which can be corrected for). The 
impedance of the material is evaluated by 
substitution in a conventional hyperbolic tangent 
formula.!§ 

The tube used for most of the measurements 
has an 8X8” cross section and is 4’ long. It is 
made of 35’ steel plates backed by a one-inch 
layer of fine sand. 

The microphone used is a single Brush sound 
cell mounted on an open sliding carriage, and 
oriented parallel to the length of the tube to 
minimize diffraction effects. Hall'* has shown 
that corrections for finite microphone size cancel 


‘5 Reference 14, p. 209. 

16 H.F.Olsonand F. Massa, A pplied Acoustics (Blakiston, 
1939), p. 338. 

17 A, E. Kennelly, Chart Atlas of Complex Hyperbolic and 
Circular Functions (Harvard University Press, 1924). 

* It should be noted that in reference 16 as in the first 
printing of reference 14, the formulae giving the distance 
from the end of the tube to the pressure minima and 
maxima, respectively, are interchanged. For a highly reac- 
tive impedance at the end of the tube, the pressure minima 
are spaced an odd number of quarter wave-lengths from the 
driven (termination) end of the tube. 

18 W. M. Hall, ‘‘Acoustic transmission line for impedance 
measurement,”’ J. Acous. Soc. Am. 11, 140 (1939). 
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out at the pressure maxima and minima. Meas- 
urements were made by a conventional substitu- 
tion method. The microphone output voltage 
and the source oscillator voltage attenuated by 
a voltage divider and Kohlrausch slide wire were 
fed in turn toa G. R. 736-A wave analyzer, and 
the slide wire reading, when the two voltages 
were equal, was assumed proportional to the 
sound pressure at the microphone. Over short 
periods of time readings were reproducible to 
within +} of 1 percent. The accuracy, however, 
was limited to some +5 percent by variations 
in the tube cross section. A more uniform and 
longer tube has since been constructed, and 
further refinements are in progress to extend 
8X8’ tube measurements to both higher and 
lower frequencies than the range from 250 to 
800 c.p.s. covered in the present paper. 

The sound source used was a W.E. 555 type 
loudspeaker unit. In preliminary measurements 
the source was coupled to the tube through a 
7’’ tube in a rigid face plate at the driving end. 
Difficulty was experienced in that the first 
pressure minimum near the variable impedance 
face was much lower than could be accounted 
for by attenuation along the tube. Consideration 
shows this effect to be expected. The hyperbolic 
tangent method calls for plane waves traveling 
down the tube, with partial reflection at the far 
end. Instead, the impedance tube was acting 
primarily as a three-dimensional enclosure, and 
was being excited in its characteristic normal 
modes of vibration.* The difficulty was elimi- 
nated (at least to within the +5 percent limit 
set by the tube) by coupling the speaker unit 
symmetrically to the tube through a flaring 
horn section. This point is being investigated 
further. 

In Fig. 4 are plotted the experimentally 
measured values of phase angle ¢ and magnitude 
of the impedance ratio |z/pc| for the variable 
impedance assembled with filler A, a single layer 
of 3” very porous hair felt and without the 
variable opening face plate. The phase angle 
and impedance ratio are plotted as functions of 
cavity depth d’’, for four frequencies 300, 400, 
500, and 600 c.p.s. The hair felt pad was mounted 


* The difference between these two cases may be seen 
by comparing Eq. (2), reference 1 with the equation for po, 
reference 15. 
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on a sheet of expanded metal, giving a fairly 
rigid support without materially altering the 
flow of sound energy into the felt. The cavity 
depth was measured from the back side of the 
expanded metal, i.e., the side away from the felt; 
a correction of about ;5’’ added to d will give 
the cavity depth measured from the back surface 
of the felt pad. The spread of the experimental 
points from the fitted curves is considered very 
satisfactory in view of the probable experimental 
error discussed previously. 

The curves of Fig. 4 are essentially space- 
resonance curves. The impedance goes through 
a minimum at about the same depth at which 
the phase angle goes through zero. When the 
cavity depth is almost zero the impedance acts 
like a small electrical condenser in series with 


rt ve 4, for 





Fic. 5. Calibration curves for variable impedance with 
filler C, which includes the variable face and a mass- 
element board with a layer of }” hair felt. Phase and 
magnitude of the impedance are plotted against cavity 
depth in inches, at 400 c.p.s., for four values of face 
opening. 


the flow resistance (and reactance) of the felt 
pad, and is very reactive with a large negative 
phase angle. As d is increased the capacity of the 
cavity also increases, or its stiffness decreases. 
When the phase angle goes through zero the 
equivalent electrical series circuit is in resonance, 
the capacity of the cavity just offsetting the 
mass reactance of the air flowing through the 
felt. The minimum value z/pc=0.5, correspond- 
ing to s=20 approximately, is only half the 











VARIABLE BOUNDARY IMPEDANCE 35 


characteristic impedance of air. The physical 
meaning of this case is clearer when we consider 
that the felt, at the point at which we are 
measuring z, is at a pressure minimum in a 
standing wave. In fact, if the flow impedance of 
the felt were zero, the impedance would be zero 
and real at a plane just one-quarter of a wave- 
length in front of the backing plate, provided 
this plate were perfectly reflecting. 

The next group of curves, shown in Figs. 5 


Variable Impedance 
Piller c 
a= 2.0° 
eo ~ 


|2/ecl and @vs b 
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Fic. 6. Calibration curve illustrating variation of im- 
pedance with amount of open area in the face. The abscissa 
h, plotted logarithmically, measures the linear displacement 
of the center plate in the face; at h=0 the face holes are 
closed, at h=0.25, the holes (0.25 diameter) are com- 
pletely open. 


and 6, illustrate the behavior at 400 c.p.s. of the 
variable impedance unit with filler C, a combi- 
nation including all of the elements illustrated 
in Fig. 2. The resistance element is the same 3” 
felt pad used as filler A; the mass element is a 
board of thickness /.= 3’ drilled uniformly with 
,’ diameter holes spaced 1” apart in staggered 


rows, i.e., at alternate points of a }’’ square net. 


The ratio of open area to total area, Se, is 0.025. 

In Fig. 5, g and |z/pc| as functions of d are 
plotted on a logarithmic scale to spread out the 
small values of d. The parameters of the curves 
are different values of the face opening h, from 
0.01” to 0.1’. One interesting point about these 
curves is that the phase angle remains negative 
for all values of d and h. This is due to the 
predominance of stiffness reactance, provided by 
the cavity for small d’s and by insufficient 
rigidity of the face plate, particularly for small 
values of hk. With another filler combination, 
not discussed in the present paper, having 
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“‘mass”’ element channels 3” in diameter and 
employing ?” felt, phase angles up to +45° were 
obtained. For purposes of application to studies 
of room acoustics, it is of interest to note the 
available range of ¢ and |z/pc| values over 
which continuous variation is possible. For 
example, with filler C, by interpolating between 
the curves of Fig. 5 one can obtain essentially 
real values of z/pc (i.e., 0°>¢>—10°) from 1.5 
to $.5. 


Impedance of 3/4" Hsir Felt -60° 
spaced 6" from backing plete 


I = (Z/ec| 
II - Phase angl 


} vs. frequency 
6 


40? 


sa 





Fic. 7. Impedance of }” hair felt backed by a cavity of 
6” depth, plotted as a function of frequency. At about 400 
c.p.s. the impedance is real and 2/pc=0.85. The normal 
incidence absorption coefficient is 0.994 at this frequency, 
and is greater than 0.98 from about 200 to 550 c.p.s. 


The curves of Fig. 6 illustrate the variation of 
impedance with change of open area in the face, 
holding frequency and cavity depth constant. 
These curves for and ¢ are cross sections 
of the corresponding curves in Fig. 5 taken for 
d=2"’. For Fig. 6, however, a large number of 
experimental points were taken in addition to 
the four points given by Fig. 5. Furthermore, 
these points were measured in random order to 
check on the repeatability of settings of the 
variable face. The spread of the points is within 
the probable error of the measurements. It may 
therefore be assumed that the variable face 
control is sufficiently reliable and repeatable for 
present purposes. It would be desirable, however, 
to have a more rigid face, since it is the stiffness 
reactance of the face which limits the maximum 
obtainable values of |z/pc 

The absorption of energy takes place in the 
porous felt pad, the resistance R in the equivalent 


| 2/ pc 


AND 
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circuit. While no direct, continuous control of R 
is attempted, Figs. 4, 5 and 6, at the points 
where 2/pc is real, show the particular values of 
R obtained. R for the 3’’ hair felt, from Fig. 4, 
is (0.6 pc) or 24 c.g.s. units, and for the 2?” felt, 
Fig. 6, it is about 36; for similar materials the 
flow resistance should be approximately propor- 
tional to the thickness. Furthermore, from Fig. 5 
when h=0.10, R for the 3” hair felt has become 
60. This variation of the flow resistance is to be 
expected, since the air flow through the material 
is restricted by the small apertures at the surface 
to a fraction of the total volume of the porous 
layer. 


FOR USE IN THREE-DIMENSIONAL 
CHAMBERS 


EXTENSION 


In the discussion and measurements thus far 
we have restricted ourselves to one-dimensional 
waves, that is, to sound at normal incidence to 
the impedance face. We have measured only 
the normal component of specific acoustic im- 
pedance, for an 8X8” area. The question arises 


RELATIVE SOUND LEVEL IN DMCIBELS- 10 DB STEPS 


mo} 





Fic. 8. Frequency response spectra of 48X33 x19” 
chamber for three conditions of damping. I. No absorbing 
material in chamber. II. ~’’ hair felt spaced 6” from one 
end wall. III. }” hair felt spaced 6”’ from one end wall, with 
the intervening space filled with 2” diameter cells formed 
by sections of conductor pipe stacked in rectangular array. 
The cells confine the particle motion to a direction per- 
pendicular to the wall, resulting in high absorption for 
normal modes of vibration at all angles of incidence, in the 
frequency range shown. 


as to how damped resonator types of impedance 
structures will behave when extended to larger 
areas, and for sound incident at various angles. 
To investigate this point, a layer of hair felt 
mounted on expanded metal and spaced from 
the backing plate was calibrated in the variable 
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impedance unit; then the same type of felt, 
similarly mounted on an end wall of a slate 
chamber,> 493319”, was studied. Figure 7 
gives the specific acoustic impedance ratio 2/pc, 
measured by the tube method, as a function of 
frequency. The normal incidence absorption 
coefficient from this data is greater than 0.98 
from about 200 to 500 c.p.s. Figure 8 shows the 
effect of this material in damping out particular 
normal modes of vibration in the slate chamber. 
Curve I is a frequency spectrum on which some 
normal modes of the chamber are identified. 
For the (1,0,0) and (2,0,0) modes the sound 
strikes the small end walls at normal incidence; 
for the (0,1,0) mode at ‘“‘grazing’’ incidence; and 
for the (1,1,0) and (2,1,0) modes at intermediate 
angles. Curve II shows the effect of the spaced 
absorbent. It will be noted that the (1,0,0) and 
(2,0,0) modes, normally incident on the ab- 
sorptive wall, are completely wiped out; the 
intermediate modes are only somewhat damped ; 
and the ‘‘grazing’’ mode is practically unaffected. 
Obviously the normal acoustic impedance is not 
sufficient to describe the behavior of this wall 
for all angles of incident sound. For non-normal 
waves the felt is no longer coincident with a 
velocity maximum in the standing wave system 
and its effectiveness in absorbing energy from 
the waves is much reduced. Tangential compo- 
nents of particle velocity are present, and 
tangential modes are being excited in the cavity 
behind the felt; these must be eliminated if we 
wish to neglect tangential components of the 
acoustic impedance of the absorbing structure. 
The solution which suggests itself is to break 
up the cavity into cells of transverse dimensions 
small compared with a_ wave-length.* This 
reduces tangential motion of the air in the 
absorbing structure by giving the cross modes 
of vibration in the backing cavity frequencies 
well above the range in which we are working. 
Curve. III, Fig. 8, shows the effect of breaking 
up the cavity in back of the felt with sections of 
2” diameter galvanized conductor or drain pipe. 
Even the ‘‘grazing”’ incidence mode, at 200 c.p.s., 
* Meyer, reference 6, suggests, for the case of absorbing 
panels spaced from a wall, that absorbing material placed 
around the sides of the backing cavity damps out the 


tangential modes of vibration; our method shifts these 
modes to higher frequencies. 


is now highly damped out. The cells similarly 
increase the damping at frequencies higher than 
the range shown in Fig. 8. The individual normal 
modes above 350 c.p.s., however, are not dis- 
tinguishable. For this investigation it was not 
found necessary to use smaller or carefully sealed 
cells, or to extend them through to the front 
surface of the hair felt. In fact, the cells used 
for curve III are 4” long, staggered to fill the 
6” depth of the cavity. 

In the case of simple spaced absorbing ma- 
terial, the specific acoustic impedance at a given 
frequency varies with angle of incidence. Only 
for particular combinations of frequency and 
angle of incidence can the impedance of the 
absorbing structure be made nearly enough 
equal to the characteristic impedance of air to 
give proper impedance matching and consequent 
high absorption. In general, then, for simple 
spaced absorbing material, the normal compo- 
nent of the complex ratio of pressure to sound 
particle velocity is not sufficient to describe the 
absorbing properties. The cellular backing struc- 
ture makes the impedance essentially constant 
over the face of the wall and independent of 
the angle of incidence. 

From another viewpoint, a layer of porous 
material in an enclosure absorbs sound most 
effectively when it is in a region of greatest 
sound particle velocity, as is well known. The 
cell structure distorts the standing wave system 
in the room and backing cavity to give normal 
particle velocity maxima at the absorbing layer 
for all modes in a given frequency region, re- 
sulting in the most efficient use of the material. 
This analysis applies to the use of cells with 
more than one layer of absorbing material.? 


CONCLUSION 


A unit has been developed for attaining 
prescribed and variable impedance values. It is 
particularly useful as a soft or highly absorbing 
wall, and is of large enough area to be applicable 
to certain small scale room acoustics investiga- 
tions. It appears that calibrations of sound 
absorbing structures such as a layer of porous 
material spaced from a rigid backing plate, and 
with or without an additional ‘“‘mass’’ element, 
hold also for areas larger than that of the unit, 
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provided the spacing cavity is broken up into 
transverse sections small compared with a wave- 
length. This extension will not apply, of course, 
to sheets of absorbing material for which panel 
action is appreciable and for which the mounting 
conditions and distance between supports be- 
come important. 

The use of a cellular backing structure with 
extended areas of spaced porous absorbing 


material results in a twofold improvement over 
simple spaced absorption. In addition to giving 


BOLT AND 
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a much higher ‘average absorption coefficient,”’ 
it approximates the usual assumption that 
tangential components of particle velocity in an 
absorbing wall are negligible, and thereby facili- 
tates correlation of experimental results with 
present theory. 

It is a pleasure to acknowledge the counsel of 
Professors P. M. Morse, W. M. Hall and R. D. 
Fay. The apparatus was constructed through 
cooperation between the Departments of Physics 
and Electrical Engineering. 
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An exact solution is presented for the behavior of sound in a rectangular room whose walls are 
of covered non-uniformly with acoustical materials. The sound field in the room is first decom- 
L). posed into normal modes of vibration. By assuming the characteristics of an acoustical material 
oh to be representable by its specific acoustic admittance, the normal frequency, decay constant 
- and pressure configuration of each normal mode of vibration are determined as functions of the 


room dimensions and the distribution of acoustical materials in the room. An approximate 
theory is also presented, applicable to cases in which the diffracted reflections from the walls 
can be neglected. It is shown that the effect due to diffraction can be superposed on the result 
from the approximate theory. Experiments were performed in confirmation of the theoretical 
results. Applications of the theory to practical problems, such as measurements on acoustical 
materials, acoustical design of rectangular rooms, etc., are discussed. The possible extension of 
the present theory to the case of nonrectangular rooms is discussed. 





INTRODUCTION 


ECENT developments! in the theory of room acoustics enable one to predict the behavior of 
sound in a rectangular room with six uniformly-covered walls. The extension of the theory 
to rooms with non-uniformly-covered walls is presented in this paper. 

The general procedure of solving this problem is precisely the same as that used in the case of 
uniformly-covered walls. The sound field in the room is decomposed into normal modes of vibration, 
each having a normal pressure function, P,(x,y,z), a normal angular frequency, w, and a decay 
constant, k,, all determined by the boundary conditions. If a point source? of sound, Qye*', is 
turned on at a corner of the room at the instant ‘=0, the subsequent sound pressure at a point 
(x,y,z) in the room will bet 


8pc?Qo OnP,(X,y,2) 


Vi) | (Jon—kn)*/jJw— jw 





pb cos (wi+6,) — | cos On COS Wart 


wn? +k,” : kn 
sai (— sin 6,+— cos o) sin wut} (1) 


W* Wr Wn 


where p is the density of air, c the velocity of sound in air, V the volume of the room, o, a weighting 


factor, and @, the phase angle of 
Cake 





(jon —Rn)?/ jo — jo 
After a sufficiently long time the second term in Eq. (1) will be insignificant and we have 


8pc*Qo | onP»(x,y,t) 
p=- ——— 








ogee —| cos (wt+6,), (2) 
Vi) | (Gon—Rn)*/Jo— Jo | 


which is the steady-state response in the room. If, after the steady state in the room is established, 


* Presented at the 23rd meeting of the Acoustical Society of America, Washington, D. C., April 29, 1940. 

1P, M. Morse, J. Acous. Soc. Am. 11, 56 and 205 (1939); F. V. Hunt, L. L. Beranek and D. Y. Maa, J. Acous. Soc. 
Am. 11, 80 (1939). : . " . 

? Cf. our previous paper in reference 1, or P. M. Morse, Vibration and Sound (McGraw-Hill, 1936), p. 317. ; 

+ Obtained by assuming continuity of sound pressure and of particle velocity at the instant when the source is turned 
on, viz., p=Oand fpdi=0 at t=0. 
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the sound source is turned off at an instant #o, the sound pressure thereafter will be 


8pc?Qo o,P,(x,y,2) 











: 2 ssonaconae ett cos (wlot+6n) COS wn(t—to) 
Vie @) | (Jon—hkn)?/ jw — jo| 


—+—_—— sin (ute+0,) + 


WWn Wn 


wn? +k,? R, 
-| — cos (ato 0.) sin wrt), (3) 


which is the equation of decay. If we measure the pressure amplitude at an average position and 
turn the source on and off at arbitrary instants, the average results corresponding to (1), (2), and 
(3), will be 








8pc*Qo on : 
Pir baa tilt, (4) 
V lik? 
8pc?Qo on ‘ - 
= | —-}, (5) 
V (n) k,2) 
8pc*Qo on |’ 
P=- | ——e—2knt\ | (6) 
V (n) R,? 


The summations include the pressure contributions of all the normal modes of vibration excited 
by the source. In the above it is assumed that k,? is very small compared to w,”; this is usually true. 

It is evident that in describing the behavior of sound in a room, all we have to do is to find the 
normal pressure function P,,, normal angular frequency, w,, and decay constant k,. The values of 
o, are approximately 1, 3, or } in various cases.'? Equations (1) to (6) will furnish the rest of the 
answer. 

In the next paragraphs the forms of P,, w,, and k, are considered for a rectangular room. The 
theory is based on the assumption that the characteristics of the acoustical mateirals are repre- 
sentable by their normal acoustic admittance (or the impedance, which is the reciprocal of ad- 
mittance). This assumption has been discussed before.' 


I. AN APPROXIMATION THEORY 


If the non-uniformity of the acoustic admittance on the walls is small, an approximate result 
will be very useful. This can be derived by a perturbation method? outlined here. 

Assume that P,,kn(=jwn—k,) be the normal pressure function and complex normal angular 
frequency when the specific acoustic admittance* of the walls is (which may be a function of space 
variables), and P,,’,«,’ be the same quantities when the admittance is £’ (which is to be uniform on 
each wall). We have 


Kn 
V*P,-— P,=0 (7) 
C 
and 
i" 
V2P,,’ P,’ =0 (7’) 


If the difference between é and &’ is not large, we may write 
kn? = ky +e. (8) 
3 Cf., e.g., H. Froehlich, Phys. Rev. 54, 945 (1938). 


* Defined as the ratio of the normal particle velocity to the sound pressure at the wall, times pc, the radiation re- 
sistance of air. 
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From Eqs. (7) and (7’) «,”? can be eliminated and 
] 


€ 
P,'V?P,—P,V?P,'+—P,P,' =0. 


c 


Integration through the whole volume of the room yields, after the application of Green’s theorem, 


1a tt a, P 
f frr(——- _ )ao-+ [ P.Pitar=o, 
P P, ON P,' ON ctdy 


N being the normal to the surface S of the room. By definition we have 


(1/P,)(0P,,/aN) = — xt /c 
and 
(1/P,’)(0P,’/AN) = —x’é’/c 


/ 


(x= x’ =jw for forced vibrations and «=x, and «’=x,’ for free vibrations). The above equation can 


be put in the form 
€ 
J [epee —sarde+ J Pap.tdr=o. 
c 


We shall make the assumption at this point that P,’ does not differ materially from P,. (This 
assumption will be discussed in IV.) On equating P,,’ to P, in the above equation, it yields 


€ 
J [pewesayac+ - [ Pear. (9) 
S € V 


From this equation one can find the variation ¢ of the complex normal angular frequency of any 
normal mode of vibration due to a perturbation of the boundary conditions (viz. the acoustic ad- 
mittance of the walls) ; or one can find the condition that two different cases have the same complex 
normal frequencies. Two examples of the application of this theorem are given below. 


Case (1). Small absorption (¢’=0; to find ¢) 


For this case, the specific acoustic admittance ~ of the walls is small compared to unity. We 
may choose ~’=0 (i.e., rigid walls; the reason for choosing this is that we know the solution for it 
and also that this is very close to the given case of small absorption), and find the “correction” 


on x, due to the slight absorption. Thus 
N20xX Nywy N02 
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l, ly l, 
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Equation (9) gives 
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and, by Eq. (8), 
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For uniformly-covered walls, Eq. (12) gives 





: | cK’ ons(Exi + Ex) ony (E vit Ev2) On: Aé ait S22) 
kx = joel 1— conttieatllrcs yt (13) 
Lo xg! I, L, ‘L, 
where é,,, £:, are the specific normal acoustic admittances of the x walls, etc., and 

(2 =(0 
o,= ms 8 (14) 

| 1 >0 

For non-uniformly covered walls, Eq. (12) gives 
: | cK’ on,( Ex,* + Ex2*) | . 
he i 1- — +-°-TF, (15) 
Ky’? & 


where 
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4 
oe % 1/+ + l¢ 
ee f [Peeede= Exig ot (Ex, oF Ex29 20) + tS* 1292, ,2n 
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: Ss 
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and similarly for £,,*, &,,*, etc. The Fourier components, &,,, are defined by 


uTry VTS 
Fei» = SS: ily, eS cos ——dyds. (16) 
l, I. l. 


The factor 4 is replaced by 2 or 1 when one or both of u and » are zero. 


Case (2). Large absorption on one wall (e=0; to find ¢’) 


Let this wall be at x=1,. The admittance & is zero on all walls except the one at x=/,, where it 
may be large and non-uniform. Choose a value of ’, vanishing everywhere except on x=1, where 
it is constant, such that x,=x«,’ or e=0. (In other words, ~’ is equivalent to ~ for the normal mode 
P,,.) From Eq. (9), this requires that 


N yw NWS 
JJe- ) cos? —— cos? ——dydz=0, (17) 
bs I, 
Xx Nywy N12 
since P, =P,’ =cosh (k,— jwr)— cos —— cos —— (18) 
c ” ts 
from the previous results.! Solving Eq. (17), it gives 


¢’ = Eoot } (£2n, o+ £0,2n2) a } £2n, 202. (19) 


This will give a value of «, which is really the first term of the exact forms given below. 
Equation (19) can be put into a different form when é has discrete values on the wall x=1,, viz., 
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where &; is the value of & over the area S,. Defining 
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as the effective area of the admittance &;,, one has, for the effective specific normal acoustic admittance, 


1 


~ ] u Sn’ En. (20) 


rp . - . YP sO 8. cae oa a : : ; 
The maximum values of S,’/S; is 4 which occurs when a very small piece of material is put at a 
corner of the room. 


Il. THE NORMAL MOopDEs or VIBRATION—THE Exact THEORY 


The normal modes of vibration can be determined by solving the wave equation 


(jwonr—k»)? 
v?P,,— P,.=0. (21) 


C2 


As a first case, consider a rectangular room with five walls perfectly reflecting and the sixth ab- 
sorbing. The boundary conditions are then 


I OF al K 1 OP,| 
, = —-iys), —— =0 ( 


— a 2?) 
P, ON - C Fa ON | other walls 


where £(x,z) is the specific normal acoustic admittance of the absorbing wall, which has been called 
x=l,, and where x=jw in the case of forced vibartion and jw,—k, in the case of free vibration. 
The specific acoustic admittance £(x,z) of the wall at x=/, may be any function of y and z. To 
simplify the mathematical manipulation, &(y,z) may be developed into a Fourier Series; viz., put 





ery vTZ 
E(v,s)= > &,, cos —— cos — (23) 
(u, 0) . ? 
(u,v =zero or integers) where 
a ery vrs 
Ey=— f fro) cos cos —dydz. (24) 
id, ly l, 
z=lz 


The factor 4 is replaced by 2 or 1 when one or both of uw and » are zero, respectively. Equations 
(22) and (23) immediately suggest a solution of Eq. (21) in the form 


x uTry vrs 
P,.= > C,, cosh g,,- cos —— cos —, 
(u,v) C L, l. 
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where g,,=k,—jw.. In order to satisfy the wave equation (21), it is necessary that 


urc\* vrce\* ; 
'—(“ ) -¢ ) ee (26) 


The boundary conditions (22) are satisfied by (25) on all walls except the absorbing one, x«=/,. 
The last boundary condition will suffice to determine jw, —k, and also the C,,’s. Substitution of Eq. 
(25) into the first equation of Eq. (22) yields 


Coo’ Foot Cio’ Eoo:10+ Cor’ Eooior +: - * =9, 
Coo £10;00+ Cio Fiot Cor’ Eoisr0+ --- =(), 


(27) 
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where 
l, 
Cy» =C,, cosh § g,,— }, (28) 
‘ 
Luv l, 
F yy = Eyviuy t+— tanh { g,,- (29) 
K Cc 
and 
Eas or r(é p—ol|, vite p—o}|, v4 et Ente, |\y—r| Sco cineds (30) 


when 4#+o +0 and v¥7X0, and in particular cases 
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Cwir = 3 £0, p—ri + £0, v4 ‘) + ’ (fay, \p—r| + Sep, v4 r), 
Eyvior = 2(E,, |v—r +£,. v4 = ZEerips, 


. _ 1 = , 
E uvioy = Ep ot abu, 2p = 2b oviprs (30 ) 
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It is interesting to notice that 


Suv I, 
Fy» = Eqvipy+— tanh g,,—=0 (31) 
K Cc 


is exactly the same as the transcendental equation in case of a uniform acoustic admittance &,».y, 
on the x=l, wall.' Now in order to have Eq. (27) satisfied with nontrivial coefficients C,,, it is 
necessary that the determinantal equation 


| Foo Eoor10 Eos01 2 | 
. rs | 
£10:00 F yo 10:01 miata | 
i=() (32) 
£01500 fors10 Fo, sie 





| . . . . . . . | 


be satisfied. Equation (32) is the transcendental equation whose solution gives the complex normal 
angular frequency, jw, —k,, and indirectly the normal pressure function, P,, of the present problem. 

Equation (32) is solved easily in terms of series. Owing to the difference in time factors (e?*! in 
forced and e‘’*—*») in free vibration) the cases of forced and free vibrations are to be distinguished. 
The results are as follows. 


(1) Forced vibration 


, 1 (jw)? , l, ntEn! : te &*,, n’n’’ 
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1 ———_:,, -— —£,,* en 


(2) Free vibration 
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Fic. 1. M@+jN=7(a+J8) tanh r(a+Jp). Fic. 2. P+jQ=- tanh r(a+j@). 
The symbols have been 
Kn= jJwn—Rn, Kn’ = jon’ —kn’, gn' =kz' — jw,', the solutions for a uniform wall admittance &,, 
En=En,nzinynz= S00 3 (Ean, oF £0, 2n2) + 4E2n,, 2nys 
Ene = Suvinys 
Ban’ — EnyneineSpving ngs 


Bintan = 4 (En nstprEpsip’s’ Epo’ inyns th Enyngin’s’Sp'y'tpoS pings) (35) 
Pan’ =Znne(lz/c) tanh gan(lz/c), : 
{ kn’? +(umc/Ly)?+(vxe/1.)*}3, 


g nn’ 


n'~n means that the term with p=n,, v=n., is excluded. 


The values of x,’ and g,’ may be obtained as functions of &, from the previous work,' but it should 
be noticed that these are not the same in case of forced as in case of free vibrations, although the 
difference may be small. In the previous papers, Morse treated exclusively the forced vibrations 
and our attention was confined mostly to free vibrations. The values of g,,, may be obtained either 
by computation or by an application of the chart given as Fig. 1 in Morse’s second paper.! The 
values of ®,,, can be obtained as a function g,,/lx/c by the help of the charts given in Figs. 1 and 2. 
In Fig. 1, the function 


&’= M+jN=r7(a+j8) tanh r(a+ j6) (36) 
is plotted for 0<a<1 and 0<8<}. And in Fig. 2 the function 
P+jQ=7 tanh r(a+j8) (37) 
is plotted for the same ranges of a and 8. For a<1, one can use the approximate form 
M=ra, N=x8+7a/cosh ra (38) 
to a high degree of accuracy. For B=any integer h+ 8’, 


M(a,B) = M(a,8’) —hQ(a,6’), (39) 
N(a,8) = N(a,B’) +hP(a,6’). 


So by using Figs. 1 and 2 together one can find the value of ® for any values of @ and 8. 
Having found the complex normal angular frequency, jw.—n», the next thing we have to do in 
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finding the normal pressure function 


x ery vrs 
P,»=)> Cw cosh g,,— cos —— cos — 


(uv) C L, b, 


is to evaluate the values of the coefficients C,,. This can be done from the determinantal equation 
(32). Approximately, if we choose C,, », as unity, 


k(1, C) Eps; nynz COSh (ga. n Ge c)) 
og EE (40) 


tx(Le ©) E ys: wend c) tanh (g,,(//¢))} cosh (gur( ls ‘c)) 


The function cosh r(a+ Jf) is very useful in the computation of C,, and is plotted in Fig. 3. 


III. A StmpLER FORM FOR THE COMPLEX NORMAL ANGULAR FREQUENCY 


The complex normal angular frequency, jw.—kn, can be computed from Eqs. (33) and (34). 
One does not have to take many terms in each summation because the terms decrease in magnitude 
rapidly as n’ differs more and more from n. The computation of each term, however, involves manipu- 
lations with complex quantities and for a large number of terms will be very tedious. The compu- 
tations can be simplified considerably in case of small absorptions, viz., when £oox(/./c)/nzm (or 
Eoox(l,/c) /x, if nz=0) is small compared to 1. The results are 


(1) Forced vibrations. If ”,+0 
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Fic. 3. R+jS=cosh r(a+jp). Fic. 4. =x tanh rx; &’ = 7x tan rx. 


The notations have been 


, | (mre 2 n,1wc\? N.-wC\? |" 
Wing = | + P + ) ’ 
l, L, a ad 
hy be 
®,, no’ a Os no’ tanh Zn no’ 9» 
Cc Cc 
(45) 
tanh gang (l2/c) i, 
V any = 7 : pares —-+sech? gnny-, 
Sansa c) € 


[ uTc\? yre 1% 
Sunn’ = —ond+( ) +( ) ’ 
| ly ae 


and others the same as before. Equations (41) to (44) involve computations mostly with real or 
pure imaginary quantities and are much simpler in actual application than the general forms given 
by Eqs. (33) and (34). The functions ®,,,, and V,,,° are plotted in terms of gnn,/(x/c) =x in Figs. 
4 and 5. 


IV. PuysicAL INTERPRETATION OF THE NORMAL PRESSURE FUNCTION 


The normal pressure function has the form 


N~WX NywyV N-TS 
COs COs COs —— 


L, l, l, 


in case of a rectangular room with six rigid walls.‘ This can be put in the form 
1 (gi(nzrz/lz) 4 g-i(nztzllz)) (gi (nyt ly) + @—i (ny ty ly) (e2 (mem2/l2) 4 e-i(mene/l2)) 


and it is evident that this is a standing wave formed by eight traveling waves in the directions 
(+n,d/21,, +n,d/2l,, +n.d/21.) where \ is the wave-length.’ These eight waves form the incident 
and reflected waves at the walls obeying the ordinary laws of reflection. Similarly, the normal 


‘Rayleigh, Theory of Sound (Macmillan, 1929), II, p. 70. 
5D. Y. Maa, J. Acous. Soc. Am. 10, 237 (1939). 
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pressure function in a rectangular room with six uniformly-covered absorbing walls has the form 
a nee bc doe 2 
cosh | (kz— jwr)—+yz | cosh | (k,— jw,)—+y, | cosh | (k.— jw.)-+y- 
c C c 
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= 1 (ekz (le) t¥2g—i(wzle)t 4 e—kz(2/e)—¥rei (wz/e)7) er 


which also represents eight traveling waves in the directions (+w,/w, +w,/w, +w./w) under specular 
reflection at the walls. The only difference from the first case is that there is a reduction of amplitude 
of the waves at each reflection from the wall while in the first case the amplitudes of the waves 
remain unchanged. 

Now take the case of a rectangular room with five rigid walls and one non-uniformly-covered 
absorbing wall. The normal pressure function was found to be 


x Nywy N20 x pry vre 
P,,=cosh (k,— jwz)— cos —— cos ——+ }> C,, cosh g,,— cos —— cos ——. (46) 
Cc be ‘ n’#n Cc ty l. 


Evidently the first term gives the eight incident and reflected waves, the remaining terms depend 
only on the non-uniformity of the wall covering (from Eq. (40)) and hence represent the diffracted 
waves. By analogy to the free wave diffraction theory terminology, a plot of C,, versus the corre- 
sponding direction of wave propagation can be called the diffraction pattern for the wave 
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In a polar diagram, the diffraction pattern consists of discrete lines, as there are diffracted waves 
only in certain directions, determined by the dimensions of the room. Some examples of the form of 
diffraction patterns are given in Fig. 6 for the simple case of a narrow slit. The slit is at the middle 
of x=/, wall, parallel to the z direction. The width of the slit is w. The continuous loops give the 
diffraction patterns for free waves, based on the results given by Morse and Rubenstein,*® and are 
what one would obtain with a plane incident wave when the y and z walls are absent. The discrete 
lines give the diffraction pattern in the room, normal to the direction of the slit. 

In the approximate theory presented above, one has taken only one term in the normal pressure 
function. In other words, the diffracted waves have been neglected therein. It is evident that the 
approximate theory is valid only when the diffraction is negligible or when C,, is small compared 
to unity for (u,v) ¥(2,,n-). 

V. EXPERIMENTAL INVESTIGATIONS small tube and is plotted i in Fig. 7 asa function 
of frequency. The real part of the admittance of 
wood was determined in the model chamber 
using a whole wall coverage and the imaginary 
part is estimated to give a best agreement be- 
tween the theoretical and experimental results 
for different arrangements of materials. These 
are also plotted in Fig. 7. The observed and 
calculated values of the decay constants for 
different normal modes of vibration and with 
different arrangements of materials are tabulated 


Experiments have been carried out in a small 
model chamber made of 3” thick marble. The 
apparatus and technique used are about the 
same as those described before by F. V. Hunt? 
except that a few improvements have been made. 
Two kinds of material were used, wood and 
Celotex C-4. The acoustic admittance of Celotex 
C-4 has been measured by L. L. Beranek® in a 


Specific Acoustic | in Table I. The agreements are very good. 
Admittance 
Aei?= G +jB 
° — Celotex C-4 VI. MEASUREMENTS IN A REVERBERATION 
s --— Wood : CHAMBER 
@ 


When measurements are made in a reverbera- 
tion chamber, a large number of normal modes of 
vibration will be involved. The approximate 
theory is useful in most cases in furnishing a 











~ 08 100200 300 400 500 600 700 800 rough estimate of the values of decay constants 
FREQUENCY (~) for different normal modes of vibration excited. 

Fic. 7. Specific acoustic admittances. The decay constants will depend on the amount 

TABLE I. Decay constant in room 2.17 X1.24X1 feet, of absorbing materials in the chamber and on 
one wall absorbing. their positions and arrangements as well. The 


pe 062250 dependence of decay constant of the position of 
absorbing material was first studied by W. C. 


Sabine.? Figure 8 gives Sabine’s results of 
~ = measurement on a felt in a_ reverberation 
chamber. Based on his theory of reverberation, 
a ‘‘coefficient of absorption”’ or ‘‘chamber coeffi- 





os 





cient’”’ greater than unity was obtained over 
some range of frequency. Further experimental 
work has been done by P. E. Sabine,!® J. S. 








6 P. M. Morse and P. J. Rubenstein, Phys. Rev. 54, 895 9W. C. Sabine, Collected Papers on Acoustics (Harvard 
(1938). University Press, 1927), pp. 157 and 214. ; 

7F, V. Hunt, J. Acous. Soc. Am. 10, 216 (1939). 10 P, E. Sabine, Phys. Rev. 19, 402 (1922); J. Frank, 
*L,. L. Beranek, J. Acous, Soc. Am. (this issue), p. 14. Inst. 207, 341 (1929). 








Parkinson,!! V. L. Chrisler," and others.” W. C. 
Sabine explained his results in terms of maxima 
and minima of sound pressure in the room, which 
agrees with the results from the approximate 
theory, at least qualitatively. This point seems 
to have been overlooked in later investigations. 

The present theory is applied to the compu- 
tation of the effect of the area of a rectangular- 
shaped absorbing material placed in the middle 
of the floor of a sound chamber 20’X14’X8’. 
An average value of k,, is obtained for the normal 
modes of vibration with 1,+0 (the »,=0 modes 
contribute very little at the beginning of decay) 
which will give the apparent initial rate of decay. 








Cc, Cc, C, C, Cc, C, C, 


Fic. 8. Sabine’s ‘‘chamber coefficient”’ of a felt measured 
at: (1) an average position, (2) one side of floor, and (3) 
the middle of floor (C; = 64 c.p.s.). 


11 J. S. Parkinson, J. Acous. Soc. Am. 2, 112 (1930). 

122,V. L. Chrisler, J. Research Nat. Bur. Stand. 13, 169 
(1934), RP 700. 

13 E.g.,S. K. Wolf and W. J. Sette, J. Acous. Soc. Am. 
4, 172 (1933); R. F. Norris, J. Acous. Soc. Am. 6, 43 (1934). 
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SABINE REVERBERATION CHAMBER 
MATERIAL — BBB CELOTEX 
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Fic. 9. ‘Chamber coefficient’? measured at middle of floor. 


Comparing with Sabine’s equation of decay, 


P= Poem = Sa/8V)t (47) 


sé 


we can get an apparent “coefficient of absorp- 
tion,” a, which may also be termed the ‘“‘chamber 
coefficient.’” By taking £=0.00363+-7 0.0102 and 
0.0975+7 0.0613, respectively, for concrete floor 
and BBB Celotex, this chamber coefficient, a, of 
BBB Celotex is computed as a function of its 
area. In Fig. 9, the solid line is the computed 
curve for an arrangement of material such that 
the dimensions of Celotex are proportional to 
the corresponding dimensions of the floor and 
the circles are computed for the areas, 1’X1’, 
ur, ©. Ce, CRE. CHE. CXS, 
8’ 6’, 9’X8’, 10’X*7’, 12’6’, and 14’ 5’. The 
dots are the experimental results for the same 
areas obtained three years ago." It is seen that 
the agreements between the theoretical and 
experimental results are generally good. The 
deviations are probably due to the fact that the 
exposed areas at the edges of the samples have 
not been taken into account. 


VII. AcousTICAL DESIGN IN A 
RECTANGULAR ROOM 


The effects of area and position on the ab- 
sorbing power of a sample must be accounted 
for any may be taken advantage of in the 
acoustical design of rectangular rooms. With the 
same amount of acoustical material available 
different acoustical absorbing power will be 


4F, V. Hunt, unpublished data (1937). 
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obtained by different distribution of the ma- 
terial. The latter can be so chosen as to give 
certain desired results, such as maximum possible 
absorption, straight decay curve, ete. 

The contribution due to second-order diffrac- 
tion effect on the decay constant depends on the 
difference of the acoustic admittances of the 
materials. This contribution may be positive or 
negative. In case of two different materials on 
the same wall, this effect is proportional, ap- 
proximately, to the imaginary part of (4 —&z)? 
if 4 and &, are the normal specific acoustic 
admittances of the materials. Therefore a posi- 
tive contribution to the decay constant demands 
a positive imaginary part of (4—£&g)*. This is 
generally fulfilled in the case of ordinary acous- 
tical material placed on a hard wall, unless the 
material has a nearly vanishing imaginary part 
of its admittance. Therefore, the first task in 
designing the distribution of materials is to 
study the acoustic admittances of the materials 
available and to find out the algebraic sign of 
the contribution due to the diffraction effect in 
order to decide whether a scattering of materials 
is desirable. 

As for the position of the material, it is evident 
from the approximate theory that the material 
is most effective in absorbing sound when it is 
at a pressure maximum in the room. Therefore, 
the most effective positions are along the edges 
and especially at the corners, where every normal 
mode of vibration has a maximum. At the 
centers of the walls, only small pieces of materials 
are desirable, because larger pieces will have 
reduced absorbing power (Cf. Fig. 9). Even for 
small pieces smaller absorbing power will be 
obtained at the middle of a wall than at a corner; 
a ratio of 2 to 3 has been observed. Therefore 
one may conclude that in order to obtain higher 
effective absorption the material should be as 
close to the corners and edges of the room as 
possible. 

As for the linearity of the decay curve, there 
has been no positive evidence that people prefer 
a linear (logarithmic) decay curve, although such 
a suggestion has been made.” It may be that 
only the first part (first 15 to 40 decibels) of 
the decay curve is most important in insuring 


®C. C. Potwin and J. P. Maxfield, J. Acous. Am. Soc. 
11, 48 (1939). 
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the intelligibility of speech in the room. In that 
case, the final part, which may be shallow, will 
be of no concern to speech but might provide 
useful support for music. Whether a linear decay 
curve is desirable needs further investigation. 
To achieve one, it is rather difficult with one 
wall treated with acoustical materials, even when 
it is uniform. This is because of the grazing 
normal incidence modes of vibration (those with 
n,=Q, for instance) which have smaller decay 
constants. Therefore, if a nearly linear decay 
curve is desired, it is advisable that all walls be 
treated equally. If the walls are not to be 
covered uniformly, the distribution of materials 
must be so chosen that the decay constants of 
all possible normal modes of vibration are nearly 
equal. The approximate theory shows that such 
a result can be achieved by arranging the 
acoustical materials in regularly-spaced strips or 
in checker-board fashion with proper spacing. 
An interesting result may be obtained if one 
uses strips of material of width equal to a 
submultiple of the corresponding dimension of 
the room. The sound wave with wave-length 
small compared to the width of the material 
will decay almost linearly, but the decay of 
sound with wave-length comparable to or larger 
than the width of material will not be linear 
and will depend on the distribution of the strips. 
So, in this case, it is possible to arrange the 
material in such a way that linear decay curves 
are obtained above a certain frequency, while for 
lower frequencies the decay curve will be of some 
other desired form. 


VIII. FurtHER Discussion 


In the above, the theory has been restricted 
mostly to the case of only one non-uniformly- 
covered wall. However, the analysis may be 
applied to more general cases. In case of two 
opposite walls absorbing, we will get the same 
results as Eqs. (33) and (34) with the Fourier 
components derived from the sum of the acoustic 
admittances of the walls. The result will be more 
complicated if all six walls are treated non- 
uniformly. In this case, one should apply the 
approximate theory to find the first order effect 
and then get the diffraction terms; for every 
diffraction term in Eqs. (33) and (34) one has 
three terms corresponding to three dimensions. 








A similar analysis can be applied to rooms of 
simple form other than rectangular, e.g., cylin- 
drical, spherical, elliptical, etc. A further possible 
application of the present method is to the 
treatment of rooms of conventional form, e.g., 
trapezoidal, etc. The perturbation method used 
in the approximate theory may be found es- 
pecially useful to give an approximate but quick 
answer for irregular rooms or for slightly irregular 
boundaries. 

According to the present theory, the ‘‘ab- 
sorbing power” of a material is not a quantitative 
statement of its sound-absorbing characteristic. 
The ability of a material to ‘‘absorb’’ sound 
depends not only on its own characteristics but 
on the shape of the room it is placed in and its 
position in the room as well. The word ‘‘ab- 
sorption” can still be used in a qualitative sense. 
An ‘‘absorbing’”’ material is one which, when 
placed in a room, will cut down the steady-state 
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sound intensity and/or increase the rate of 
of sound decay therein. The words ‘‘absorbing,”’ 
‘“‘absorption,’’ etc., have been used in this sense 
throughout this paper. 
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INTRODUCTION 


N the 1940 edition of the Heating, Ventilating, 

and Air Conditioning Guide, the following 
statement is made: ‘‘At present there are no 
wholly rational or generally recognized methods 
of calculating the amount of duct lining necessary 
to accomplish a given reduction of noise level in 
the air traveling in a duct system; consequently 
some empirical method has been used.”’ While 
this is perhaps a rather broad statement, it 
nevertheless reflects the fact that there are some 
inconsistencies between the various empirical 
rules which have been proposed, and that al- 
though the problem has been treated theo- 
retically from at least two different approaches, 
the results have not yet been adapted to prac- 
tical engineering use. 

As a part of an experimental program to 
investigate the properties of a sound absorbing 
material designed specifically as a duct liner, it 
was desired particularly to establish if possible a 
means of calculating the amount of lining re- 
quired to produce a given noise reduction by a 
method which would be both mathematically 
simple and reasonably accurate, and which at 
the same time would have a sound theoretical 
basis. More specifically, it was desired to deter- 
mine experimentally the relation of the attenua- 
tion of sound in an absorbent lined duct to the 
length, size, and shape of the duct, to the 
frequency of the sound, and to the absorptive 
properties of the lining, and to check these 
experimental results against the predictions of 
the various theoretical and empirical formulae 
which have been developed. 


TEst PROCEDURE 


In attacking the problem from this standpoint, 
it was decided to set up an actual duct system, 
constructed in as close conformity as possible to 
actual practice, but also permitting accurate 
control of the variables under investigation. 
A diagram of the construction is shown in Fig. 1. 
The test duct was 30 ft. long and was constructed 


of sheet metal panels in such a way that it could 
be readily assembled or reassembled into various 
square or rectangular cross sections. Six sizes and 
shapes were tested, which included all combina- 
tions of 9, 12, and 18 inches. The absorbent lining 
used was a rigid rock wool sheet 1 inch thick, 
the entire length of the duct being lined through- 
out the tests. Fig. 2 shows the construction of 
the test duct, and Fig. 3 illustrates the fan, 
baffle chamber, and plenum chamber assembly. 

The basic property of an absorbent lined duct 
which determines its noise reducing character- 
istics is the attenuation constant, or the drop in 
sound pressure level per unit length of duct. 
This quantity was measured directly in decibels 
per foot by means of a crystal microphone 
mounted on a carriage which was drawn through 
the duct by a pulley arrangement. In making 
these measurements the fan was shut off and a 
loudspeaker was placed in the tapered section 
immediately adjacent to the fan, as shown in 
Fig. 1, the baffles being removed. Warbled tones 
were used, at frequencies from 128 to 4096 cycles. 
Sound level readings, taken with a General Radio 
sound level meter, were made at several points 
inside the plenum chamber, inside the duct at 
intervals of 3 inches to 1 foot, and, when possible, 
at various points outside the exhaust end of 
the duct. 


RESULTS 
Typical sets of data are shown in Figs. 4 and 5. 
The horizontal line at the left of the 0-foot 


ordinate represents the average sound level in the 
plenum chamber. These figures show that, as 
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predicted by theory and already confirmed by 
other experimental work, the sound level drops 
off at a constant rate along the length of the 
duct within a region not too close to either end. 
Some random irregularity in the first few feet 
of duct appeared to a greater or less extent in all 
cases. Near the outlet end, clearly defined peaks 
and valleys due to end reflections were observed 
at the low frequencies, as also expected, with 
successive maxima or minima occurring one-half 
wave-length apart. Fig. 4 shows clearly why it 
is inadvisable to try to measure the over-all 
attenuation in an absorbent duct by taking 
readings only at the ends, particularly at low 
frequencies and with low absorption. 

For all frequencies from 128 to 4096 and for 
all duct sizes tested, it was found that a straight 
line could be fitted, quite accurately in most 
cases, to the observed readings inside the duct, 
as shown in Figs. 4 and 5. The slope of this line 
in each case will hereafter be referred to as the 
attenuation constant, measured in db per foot. 


INTERPRETATION OF RESULTS 


The first step in interpreting the observed data 
was to relate the measured attenuation constants 
for each duct to the cross-sectional dimensions. 
The theories formulated both by Sivian! and by 
Rogers’ state that the attenuation constant is 
directly proportional to the ratio of the perim- 
eter, P, to the cross-sectional area, A, while 


1L. J. Sivian, ‘Sound propagation in ducts,” J. Acous. 
Soc. Am. 9, 135 (1937). 

2R. Rogers, ‘‘The attenuation of sound in tubes,” J. 
Acous. Soc. Am. 11, 480 (1940). 
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various empirical formulae which have been 
proposed state, respectively, that the attenuation 
constant is directly proportional to the 0.5 
power of this ratio, inversely proportional to the 
average cross-sectional dimension, and inversely 
proportional to the smallest cross-sectional 
dimension. Fig. 6, representing the attenuation 
constants for a single frequency, shows that the 
data obtained in this investigation conforms 
more closely to the ratio P/A than to any other 
function of the cross-sectional dimensions. 

In Fig. 7 the values of the attenuation con- 
stants measured for all six duct sizes are plotted 
against the ratio P/A for the frequencies 128 
and 256 cycles. The highest value of P/A 
represents the 9X9-inch duct, while the lowest 
value refers to the 18X18 inch-size. The two 
points having the same value of P/A represent 
the 9X18- and the 12X12-inch sizes. Fig. 8 
shows the same data for the frequencies 512 to 
2048. At all of these frequencies, the attenuation 
is seen to be approximately proportional to PA. 
At 4096 cycles, however, it was found that for 
the larger ducts the attenuation was much less 
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than would be expected on the basis of direct 
proportionality to P/A. This was interpreted to 
mean that the sound wave instead of filling the 
cross section of the duct uniformly over its entire 
length, tended to remain confined in a beam after 
the first few feet, and therefore to lose compara- 
tively little energy at the absorbent walls. 

The next step was to relate the measured 
attenuation constants to the frequency and the 
absorptive properties of the lining. This was done 
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THE ABSORPTION OF 
by checking the data against the theory de- 
veloped by Sivian.' If it is assumed that the 
wave-length is greater than the largest cross- 
sectional dimension of the duct, and that the 
acoustic impedance of the duct lining is a pure 
resistance, R, then the attenuation constant, as 
derived by Sivian, can be shown to be inde- 
pendent of the frequency above 1000 cycles for 
values of less than 7 db per foot, and independent 
of the frequency above 100 cycles for values of 
less than 2 db per foot. Within this region, the 
value of the attenuation constant is shown by 
Sivian’s analysis to be equal to 


db /ft = (2195/R)(P/A) (1) 


where P and A are given in inches. 

Assuming that the acoustic impedance of the 
lining was a pure resistance, R, which is approxi- 
mately true of a material of the type used at all 
except the lowest frequencies, the value of R 
was calculated by the above formula at each 
frequency and for each duct size, from the 
measured attenuation constants and from the 
known values of P/A. This was permissible 
because of the fact that all of the measured 
values of the attenuation constant fell within 
the region of frequency independence. The 
average value of R for the six duct sizes at each 
frequency was substituted back in the formula 
and was thus used to determine the slope of 
each of the straight lines drawn through the 
observed points in Figs. 7 and 8. 
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A direct check of these calculated values of R 
could have been made by measuring the acoustic 
resistance and reactance of the lining material 
by a tube method. Since means for doing this 
were not available, the values of R were con- 
verted to corresponding reverberation chamber 
absorption coefficients, &, by the following for- 
mula, which is given by Morse? in different form, 


R-—2pc\? 
a-1-(——*). (2) 
R+2pc 


The values of & thus obtained were checked by 
making actual reverberation chamber measure- 
ments, at Riverbank Laboratories, on the identi- 
cal material used to line the duct. 

In Fig. 9, the values of the absorption coeffi- 
cient as measured in the reverberation chamber 
are compared with the values calculated from 
the measured attenuation constants by the above 
method. The vertical line through each point 
represents the range of the calculated coefficients 
for the six duct sizes at each frequency, the point 
representing the average. The points lie vertically 
in the order of increasing frequency. The lowest 
point, representing 128 cycles, is the farthest 
out of line. For the reverberation chamber tests, 
the material was mounted on sheet metal which 
was laid on 2X4 studs, in an effort to duplicate 
the mounting conditions in the duct, but evi- 
dently some discrepancy was introduced from 
this source. It was probable, also, that at this 


9x12” pucT 


2048~ 


6.55 DB/ FT 


INTENSITY LEVEL - DB 





=e 6 8 
FT. FROM DUCT INTAKE 
Fic. 5. 


3P. M. Morse, Vibration and Sound (McGraw-Hill, 
1936), p. 304. 
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frequency the assumption of a purely resistive 
impedance was somewhat too far from the facts. 
It is intended to carry out direct impedance 
measurements of the material as a further 
check. 

In general, however, the two sets of data show 
surprisingly good agreement in view of the 
number of assumptions and possible errors in- 
volved in arriving at both sets. It is therefore 
possible to reduce Sivian’s analysis to a simple 
formula which will be sufficiently accurate for 
practical engineering work. It is believed that 
this formula should be stated in terms of the 
reverberation chamber coefficient of the lining 
material rather than its acoustic impedance, for 
the reason that the latter method of rating, 
while it may give more direct and complete 
information on the absorptive properties of the 
material, is not yet in common engineering use. 

Equation (1) may be stated in terms of the 
reverberation chamber coefficient, @, by re- 
arranging Eq. (2), but it may be further simpli- 
fied by setting 1/R approximately equal to 
0.00575a':*. This relation is accurate within +10 
percent for coefficients between 0.20 and 0.80. 
The approximate formula then reads 


db/ft=12.6a'4 P/A. (3) 


CONCLUSIONS 


Formula (3) affords a simple means of calcu- 
lating with reasonable engineering accuracy the 
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decibel reduction in an absorbent lined duct 
for any single frequency, subject to certain 
limitations. 

(1) The formula has been shown to hold for 
frequencies from 128 to 2048 cycles in ducts 
from 9 inches to 18 inches square. It was found 
that for ducts having the smallest dimension 
not over 9 inches, the formula was also valid for 
4096 cycles. For larger ducts than any of those 
tested it would be expected that the upper 
frequency limit for which the formula would hold 
would be lower than 2048 cycles. However, as 
previously noted by Sivian, it was found that 
the analysis is valid for wave-lengths which are 
considerably smaller than the largest 
sectional duct dimension. 

(2) The formula is valid for duct shapes 
having dimension ratios as high as 2 to 1. 
Whether it will hold for shapes departing much 
farther from the square, will probably have to 
be determined by further experiment. Parkinson 


Ccross- 


has observed that in these cases the attenuation 
is less than would be predicted on the basis of 
direct proportionality to P/A. In the tests 
reported here, however, the attenuation at all 
frequencies except 128 cycles was slightly higher 
for a rectangular duct than for a square duct of 
the same P/A ratio. 

(3) The formula is based on the assumption 
that the acoustic impedance of the lining is 
mostly resistive. As noted above, this is probably 
true of most of the duct lining materials in 


ATTENUATION =~ DB/FT. 
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general use, except possibly at low frequencies 
where diaphragmatic vibration of the duct wall 
might occur. 

As stated above, the formula is applicable only 
to single frequencies or small frequency bands. 
In the case of a complex sound entering the duct, 
each frequency component will decrease along 
the duct at a rate determined by the absorption 
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of the lining at that frequency. Thus, the over-all 
sound level will not, in general, drop off along a 
straight line for the entire length of the duct, but 
will follow a curved line whose shape is deter- 
mined both by the frequency distribution of the 
original sound and by the absorption-frequency 
characteristic of the lining. If this information is 
known the shape of the attenuation curve for 
the over-all sound may be calculated by taking 
the logarithmic sum of the straight-line attenua- 
tion curves for each frequency component. 
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Acoustical Investigations of Joseph Henry as Viewed in 1940* 





VOLUME 1? 


WILBERT F. SNYDER 
National Bureau of Standards, Washington, D. C. 
(Received May 20, 1940) 


NLY scanty attention has been given to 
the acoustical studies of Joseph Henry! 
published in the Report of the Smithsonian Insti- 
tution, 1856. Knudsen in his Architectural 
Acoustics and Miller in his Anecdotal [History of 
the Science of Sound give brief accounts of some 
of the findings made by Henry. Watson makes a 
very brief reference to Henry’s work in his book 
Acoustics of Buildings. Curiously enough, one of 
the numbers of the current radio series known as 
“The World is Yours’ placed Joseph Henry in 
an important role as one of the pioneers in the 
field of acoustics. 

This particular paper of Henry’s has had a 
special appeal to the writer. Henry’s power of 
observations, wide diversity of interests and 
individualistic manner of expressing himself all 
go to make the reading of his discourse on 
building acoustics a pleasant as well as profitable 
occasion. 

It is evident from Henry’s opening remarks 
that his interest in acoustics began with the 
recommendation by the President of the United 
States that Henry make a study of the plans of 
new wings to the Capitol building. A study of 
the acoustics of the House of Representatives 
(now Statuary Hall), of certain halls and churches 
in Philadelphia, New York and Boston, and the 
performance of some simple acoustical experi- 
ments led Henry to the position whereby he 
could state some basic principles of characteristics 
of sound in large rooms. He then applied these 
principles to the design of a lecture room in the 
Smithsonian building. 

Proceeding further in his paper we find that 
Henry expresses some of his own ideas in the 


* Because of Henry’s association with the Smithsonian 
Institution and the fact that his experiments were con- 
ducted within its environs, it was believed that reference 
to his work at the 1940 Washington meeting of the Acous- 
tical Society of America would be of general interest. 

1 Joseph Henry, ‘‘On acoustics applied to public build- 
ings,’ Report of Smithsonian Inst. 4, 221-237 (1856). 
Read before the American Association for the Advance- 
ment of Science in August, 1856. 

2 “Conquest of noise,’’ broadcast March 10, 1940, on the 
NBC program ‘‘The World Is Yours.” 
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field of architecture, for example: ‘In the erec- 
tion of a building, the uses to which it is applied 
should be clearly understood and provision de- 
finitely made in the original plan for any desired 
object.’’ And again he says, ‘“‘Modern buildings 
are made for other purposes than for artistic 
effect, and in them the aesthetical must be sub- 
ordinate to the useful, though the two may 
coexist, and an intellectual pleasure be derived 
from a sense of adaptation and fitness, combined 
with a perception of harmony of parts and the 
beauty of detail.’’ These thoughts of Henry 
might not go unheeded today by some of our 
own architectural friends. Certainly today, we 
are conscious of the need of good acoustics and 
we have the wherewithal to meet the desired ends. 
Yes, buildings can be made and should be made 
“useful as well as ornamental.” 

Henry goes on to say that our scientific think- 
ing must be backed up by experimentation and 
especially so in the field of acoustics. He states, 
‘The science of acoustics as applied to buildings, 
perhaps more than any other, requires this 
union of scientific principles with experimental 
deductions. While on the one hand, the applica- 
tion of simple deductions from the established 
principles of acoustics would be unsafe from a 
want of knowledge of the constants which enter 
into our formulae, on the other hand, empirical 
data alone are, in this case, entirely at fault and 
of this any person may be convinced who will 
examine the several works written on acoustics 
by those who are deemed practical men.’’ It is 
evident that Henry did not hold in high regard 
the books relating to building acoustics which 
were existent in his time. 

Henry then records the results of some of his 
experiments. Reference is made to only two of 
them and these relate directly to speech phe- 
nomena. He was interested in the transmission 
of speech sounds through the air and the manner 
in which it affected the listener. It was common 
knowledge that speech could be heard much 
more distinctly directly in front of the speaker 
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than at an equal distance behind. Henry made 
quantitative observations of this effect and con- 
ducted the experiments in a large open space in 
front of the Smithsonian Institution. With a 
speaker standing at a fixed position, the listener 
would take such positions in front, on the sides 
and to the rear of the speaker that would cor- 
respond to the same degree of distinctness of 
hearing. Henry found that the ratio of distances 
for the same degree of distinctness of hearing 
directly in front, on the sides and in the rear was 
about 100, 75 and 30. (Fig. 1.) Assuming an 
inverse square law change of intensity with 
distance, this would correspond to a decrease in 
intensity of about 2.5 decibels on the sides and 
10.5 decibels to the rear compared with the 
front position of the listener for equal distances 
from the speaker. Dunn and Farnsworth’ in 
recent measurements found a decrease of about 
3.5 decibels at the sides and 9.5 decibels to the 
rear. These values were deduced from measure- 
ments of speech covering the whole frequency 
range and those covering the range of 1400 to 
4000 cycles per second. It is difficult to state just 
how such a comparison should be made but 
upon suggestion by Mr. Dunn in a private com- 
munication the above method was used. It is to 
be noted that the agreement is surprisingly good. 
Henry postulates that his measurements might 
indicate the manner in which an audience should 
be arranged in an open space if it surrounded 
the speaker. 

His next experiment was of considerable im- 
portance in its application to acoustics of in- 
teriors. Henry became interested in the limit of 
perceptibility, that is, the upper limit of time 
whereby a person just begins to perceive a 
blurring effect of sound caused by hearing re- 
flected sound a short interval of time later than 
the direct sound. Limit of perceptibility may also 
be expressed in terms of the maximum difference 
in path between the direct and reflected sound 
that gives rise to a blurring effect that is just 
perceptible. 

Henry made this experiment outside of the 
Smithsonian building using the west exterior 
wall as a reflecting surface. Taking up a position 





3H. K. Dunn and D, W. Farnsworth, ‘Exploration of 
pressure field around the human head,”’ J. Acous. Soc. 10, 
184-199 (1939), 








at a distance of 100 feet from the wall the ob- 
server would clap his hands and a distinct echo 
was perceived. By approaching the wall it was 
observed that the impression of two distinct 
sounds became less noticeable and at a distance 
of about 30 feet the two sounds become as one. 
It is interesting to note that Professor Watson 
discusses this same phenomenon in his book 
Acoustics of Buildings and gives credit to both 
Henry and Petzold for its observance. The 
measurements made by these early investigators 
are widely accepted today and application to 
acoustical design is frequent. 

In one brief sentence Henry states his creed of 
proper acoustics—‘“‘the great object of which 
should be to husband every articulation of the 
voice, and to transmit it unmingled with other 
impulses, and with as little loss as possible, to 
the ears of the audience.” 

Henry truly was ahead of his time when he 
expressed himself on the subject of reverberation 
and associated phenomena. He defines the term 
by stating that, ‘‘reverberation is produced by 
the repeated reflection of a sound from the walls 
of the apartment” and ‘‘is much more frequently 
the cause of indistinctness of perception of the 
articulations of a speaker than the simple echo.”’ 
He states further—‘‘it is evident that every room 
has a key-note and that, to an instrument of the 
proper pitch, it will resound with great force.” 
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HENRY BELL TEL.LAB 
SIDE 2.508 3.508 
REAR 10.508 9.508 


Fic. 1. Henry’s outdoor speech measurements. Com- 
parison with measurements made by Bell Telephone 
Laboratories. 
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Fic. 2. Plan of lecture room in Smithsonian Institution (from Henry). 


Today we are learning more of the mathematical 
concept of this ‘‘key-note’’ or a normal mode of 
a room. 

Henry then outlines his conception of rever- 
beration within a room, or rather apartment as 
he chooses to name the enclosure. He says, ‘‘the 
continuance of a single sound, and the tendency 
to confusion in distinct perception will depend 
upon several conditions: first, on the size of the 
apartment; secondly, on the strength of the 
sound or the intensity of the impulse; thirdly, on 
the position of the reflecting, surfaces; and 
fourthly, on the nature of the material of the 
reflecting surfaces.” 
are strangely familiar. 

Henry elaborates on each of these four prin- 
ciples in turn. Henry was not acquainted with 
reverberation theory as we know it today. 
Nevertheless, he was acquainted with the factors 
which make one room differ from another. He 
made some interesting observations regarding 
the position of reflecting surfaces in a room. He 
states that absence of parallel surfaces in a room 
tends to reduce the reverberant effect. We are 
quite aware of this fact today when we meet 


In 1940 these expressions 





with the case of parallel walls which so often 
produces the effect commonly known as “‘flutter.” 
He mentions the instance where “in a room fifty 
feet square, in which the resonance of a single 
intense sound continued six seconds; when cases 
and other objects were placed around the wall, 
its continuance was reduced to two seconds.” 
Although Henry performed a number of ex- 
periments on the decay of sound in materials, 
strangely enough he speaks but little of the 
application of porous materials to the surfaces 
of rooms to reduce reverberation. He does, how- 
ever, mention the absorption of sound caused by 
internal damping characteristics of a material. 
In conclusion, he gives a brief account of a 
lecture room built within the Smithsonian 
building and constructed in accordance with 
principles he sets forth earlier in the paper. This 
room was located in the center portion of the 
second floor of the building. Fig. 2 gives a plan 
view of the lecture room as shown in his paper. 
The room is somewhat fan-shaped and Henry 
states that, ‘“‘the speaker is placed as it were in 
the mouth of an immense trumpet. The sound 
directly from his voice, and that from reflection 
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Fic. 3. Perspective of lecture room in Smithsonian Institution (from Henry). 


immediately behind him, is thrown forward upon 
the audience; and as the difference of distance 
traveled by the two rays is much within the 
limit of perceptibility, no confusion is produced 
by direct and reflected sound.”’ The ceiling was 
twenty-five feet high and, here again, Henry 
states that the path difference of reflected and 
direct sound is within the limit of perceptibility. 
No statement of the material of the wall surfaces 
is given except that the walls behind the speaker 
were of lath and plaster. He does state, however, 
that because of the ‘‘multitude of surfaces” and 
the audience seated directly in front of the 
speaker “‘all reverberation is stopped.’’ It would 


be interesting to know just what reverberation 
period a room would have to qualify for Henry’s 
criterion of the reverberation being ‘‘stopped.”’ 
Fig. 3 shows the appearance of this room as 
illustrated in Henry’s paper. 

Today, the lecture room no longer exists as 
such. The space is now occupied by museum 
cases and the original form has been changed. 
Dr. Abbott, present Secretary of the Smithsonian 
Institution, informs the writer that the impres- 
sion still persists today among members of the 
Institution that the former lecture room designed 
by Henry almost a century ago had remarkably 
good acoustic properties. 





Attenuation of Sound in Tubes 
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R. D. Fay 
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(Received March 7, 1940) 


Refinements in method and apparatus have made possible the precise measurement of 
attenuation of sound in tubes. Preliminary results check the tube wall effect predicted by 
Kirchhoff very closely. There is also found an unexpectedly large effect depending on the first 
power of the frequency. Further measurements are required to find whether this loss exists in 


free air or is due in part to the tube walls. 





N investigation of the attenuation of sound 

in tubes has been in progress at M.I.T. for 
several years. Even though the work has been 
restricted to systems of great simplicity it has 
proved difficult to obtain data which can be 
reproduced consistently. By eliminating sources 
of error where found, a satisfactory method of 
measurement has finally been developed, and 
apparatus which incorporates this method has 
been constructed. A trial run was made under 
physical conditions which were in effect con- 
trolled, for although no special provision was 
incorporated in the device to maintain constant 
temperature and constant mean pressure, there 
was substantially no change in these conditions 
in the laboratory during the week in which the 
measurements were made. Variations in humidity 
were eliminated by drying the air which entered 
the apparatus. 

These measurements are far from complete 
since they were made for only a single set of 
physical conditions and a single tube size, but the 
data obtained are so remarkably consistent that 
certain conclusions can be drawn with reasonable 
confidence in their accuracy. It is found that 
in the range of frequencies investigated (up to 
5000 c.p.s.) there are two predominant terms in 
the attenuation coefficient: one, predicted by 
Kirchhoff, depending on the square root of 
frequency; another as found by Knudsen, de- 
pending on the first power of frequency. 


THEORY OF MEASURING METHOD 


On the assumption that nonlinear effects are 
negligible, energy losses in a plane sinusoidal 
sound wave will cause an exponential decrement 
in the amplitude of the wave. If there is a 
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reflected wave, the amplitudes of the pressures of 


incident and reflected waves may then be 
expressed by 
| P;| = Pye ** and | P2| = Poe, 


Applied to the sound field in a tube, x is 
measured along the axis of the tube in the 
direction of the incident wave. The origin, x=0, 
is chosen for convenience at a point—usually 
outside of the physical system—where the 
amplitudes of the waves would be equal. All 
values of x inside the system are then negative. 

Pressure maxima will occur at those points in 
the tube where the pressures of the component 
waves are in phase and minima where the 
pressures are in opposition. 

The values will be 


Pax = Po(e**+€-**) and Prin= — Po(e**—e-*), 


Hence all maxima will lie on the curve 
’=2P, cosh ax, 
and minima will lie on the curve 
Y= —2P) sinh ax. 


Since the ratio of these ordinates at any point 
determines tanh ax, it is obviously a simple 
matter to find ax at any point in the system when 
these curves have been found. The slope of the 
curve axvs.x will determine the attenuation 
coefficient, a. 

The use of these relations in the determination 
of @ involves pressure measurements as ratios 
only, hence if a single microphone and amplifier 
is used, no calibration is required. There is, 
however, a chance for error due to changes in Py 
which represents the absolute sound level in the 
system. 
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Errors from this cause may be avoided by 
finding both maximum and minimum pressures 
in terms of the pressure at the termination of the 
tube, a procedure which is made simple by using 
a microphone for a termination. 


APPARATUS 


A diagram of the apparatus which has been 
built for making the measurements is shown in 
Fig. 1. The air column which comprises the sound 
field in which measurements are made starts at 
the mouth of the telephone receiver extension 
and extends to the terminal microphone, Mic. 
No. 2, a distance of about one meter. The column 
is bounded by a brass tube mounted on a 
carriage. The sound pressure in the column is 
measured by a microphone, Mic. No. 1, mounted 
in a branch which enters the tube at its midpoint. 
It is possible with this arrangement to bring 
Mic. No. 1 over any point on the axis of the air 
column. In an ideal system, the presence of Mic. 
No. 1 would introduce no discontinuity in the 
sound field. In the actual system a discontinuity 
exists since the flat diaphragm of the microphone 
cannot be continuous with the cylindrical wall of 
the tube. The effect of the discontinuity is to 
produce a change in the reaction of the air 
column on the sound source with a change in 
position of the tube, and hence to change the 
sound level in the system. This effect can be 
nearly eliminated by adjusting the vertical 
position of Mic. No. 1 to produce a minimum 
variation in the sound level shown by Mic. No. 2. 
The residual effect introduces negligible error 
when the pressure readings in the sound field are 
referred to the pressure readings at the termi- 
nation. The practical proof of this statement is 
that the vertical position of the microphone can 








Fic. 1. Diagram of 
apparatus. 


be varied through a reasonable range without 
affecting the measured ratio of maximum to 
minimum pressure. 

Variations in sound level caused by changes in 
the position of the microphone may cause diff- 
culty in finding the exact positions of the 
pressure minima in the field. This difficulty is 
readily overcome by adjusting the position of the 
source so that a minimum in level occurs when 
the microphone is at a minimum field pressure. 
Only one adjustment is required at each fre- 
quency since both effects are periodic in half- 
wave-lengths. 

The tube is packed in sand since this treatment 
has been found highly effective in preventing 
vibration of the tube walls. Without some such 
precaution, conditions in the sound field are 
unstable. The sand is also fairly effective as 
thermal insulation. 

Both microphones are the Hall miniature type. 
Mic. No. 1 is held in position in the branch tube 
by a set screw. Mic. No. 2 is in a cylindrical 
housing which fits loosely in the tube so that 
negligible mechanical strain is introduced by 
motion of the tube. 

Since Mic. No. 1 is mounted with the plane of 
its diaphragm at right angles to the plane of the 
wave fronts, the effect of the finite size of the 
diaphragm must be taken into consideration. 
However, the following analysis shows that the 
ratio between the maximum and the minimum 
readings of the microphone output is the same as 
the ratio between the actual maximum and 
minimum pressures even when the diaphragm 
subtends a large fraction of a wave-length. 

The attenuation in a distance equal to the 
diameter of the diaphragm, say 13 cm, is quite 
negligible. The pressure in the sound field is 
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Fic. 2. Curves of attenuation exponent, ax, plotted against 
position in tube at different frequencies. 


therefore given by 


2ax 2ax 
p=P, sin («i-—) +P, sin (a+), 
d r 


if x is restricted to a small range. This pressure 
may be expressed as that due to two standing 
waves in time quadrature. 


24x 


p=(Pi+ P2) cos — sin at 
Nn 


2ax 
— (P,—P2) sin — cos wt. 
rd 


Where 2x/) is an integer, pressure maxima occur. 
At these points 


p=+(PitP2) sinwt and Prax=PitP2. 


If the microphone is placed with the center of 
its diaphragm at a point of maximum pressure, 
the net force on the diaphragm produced by the 
term in cos wt is zero at every instant since there 
is a negative force on one-half of the diaphragm 
which just balances the positive force on the 
other half. The effective pressure due to the term 
in sinwt will have an amplitude, A, which 
determines the response of the microphone. 


Ai=PrmaxF(R, d), 


where F(R,\) represents a reduction factor 
depending only on the radius of diaphragm and 
the wave-length, X. 

Where 4x/d is an odd integer, pressure minima 


FAY 


occur. At these points 


p= +(P1—P:2)coswt and Pmin=Pi—Po. 


For this case, the term in sin w has no net 
effect and the force due to the term in cos wt has 
an amplitude 


Ao=PwminF(R, d), 


where F(R, \) is the same factor that occurs in 
A. The effect of the finite size of the microphone 
is therefore to modify both maximum and mini- 
mum readings by the same factor, hence their 
ratios will not be affected. 

It is assumed in the above analysis that the 
response of the microphone at any frequency 
depends on the sound pressure integrated over 
the face of the diaphragm. 


MEASURING APPARATUS 


The electrical equipment associated with the 
apparatus is indicated in Fig. 1. The telephone 
receiver which acts as the sound source is driven 
by an oscillator through a suitable transformer. 
An amplifier is permanently connected to each 
microphone. The amplitude of the voltage output 
of the amplifiers is determined in reference to the 
voltage output of the oscillator by means of a 
calibrated voltage divider and a vacuum tube 
voltmeter connected as shown in the diagram. 
This arrangement allows all readings to be made 
to 1 part in 500 or better. Two useful purposes 
are served by this method of measuring the 
microphone outputs: readings are not affected by 
normal variations in the output level of the 
oscillator, and precise readings are readily ob- 
tained over the wide range of values which occur. 

The accuracy of the method depends on having 
a linear response at each frequency for the 
telephone receiver, the microphones, and the 
amplifiers. Amplitude distortion will be found in 
each of these elements if overloaded. On the 
other hand it is essential that the level of the 
minima be large with respect to the background 
noise shown by the tuned vacuum tube voltmeter. 
To insure against overload, the output of the 
oscillator was adjusted to a voltage that could be 
doubled without appreciable effect on the read- 
ings. At this level, the minima at the terminal 
end of the tube could not be measured accu- 
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rately at the higher frequencies even when using 
a sharply tuned meter. Inconsistencies in results 
from preliminary measurements appeared to be 
due to variations in humidity, so a simple system 
was installed for absorbing the moisture. Air was 
run from a pipe line through anhydrous barium 
perchlorate, and thence into the tube. A slow 
flow—estimated at a cubic foot an hour—was 
maintained continuously during the week in 
which the reported measurements were made. 
There is enough clearance around the terminal 
microphone to allow air to escape freely without 
building up appreciable pressure in the tube. 


MEASURING TECHNIQUE 


To a first approximation, the pressure ampli- 
tude in the tube varies as a sine function. 
Measured with a microphone and rectifying 
meter, the negative loops are inverted with the 
result that the minima are extremely sharp and 
the maxima are broad. The procedure in making 
measurements is therefore to locate the minima 
by inspection and the maxima by calculation. 
Since there is relatively little difference between 
the values of two successive maxima, ratios are 
figured at the points where minima are found 
using for the value of the maximum the average 
of the values measured on each side of the 
minimum. In general, five or six points were 
determined for each frequency, the points being 
evenly spaced over as large a portion of the tube 
as was practical. 


RESULTS 


All the values found for the attenuation 
exponent, ax, from measurements made using 
dried air are shown in graphical form in Fig. 2. 
The two points indicated by dotted circles were 
apparently taken too close to the termination of 
the tube and have not been considered in figuring 
the results. 

It will be seen that the values of ax at any one 
frequency when plotted against «x lie on a straight 
line with only small deviations. The slopes, which 
are numerically equal to the attenuation coeffi- 
cient, a can apparently be determined to four 
significant figures. 

The frequencies marked on the curves corre- 
spond to the nominal values of the oscillator 
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which had not been recently calibrated. The 
frequencies used in the calculations were figured 
from the measured temperature and measured 
wave-lengths which were found to better than 
one part in a thousand. It would, of course, be 
better to adjust the frequency in terms of an 
accurate standard. 

In Fig. 3, 10°a//f is plotted against ./f. The 
circles on this plot have a diameter slightly 
under 1 percent of the ordinates. It is obvious 
that the points lie on a straight line with the 
maximum deviation well under $ percent. Hence, 
in the range of frequencies covered, the result of 
the measurements can be expressed by the 
relation 


a=Ar/f+Bf. 


If @ is expressed in units of cm~', the best 
values for the coefficients, taking the measure- 

































































KA =2.92% 1S VF +6.75x 107 F 


Fic. 3. In this figure, the measured attenuation coeff- 
cients are divided by the square root of the frequency and 
plotted against the square root of the frequency. The 
resulting straight line indicates the relation; a=Avf+Bf, 
where A is the intercept and B is the slope. 


ments as they stand, are: 


A=2.92X10-, 
B=6.75X10-8, 


for a tube bore of 0.749 in. 

The temperature of the air during all these 
measurements was between 26°C and 27°C and 
the barometer was between 760 mm and 762 mm 
(best average 760.5 mm). 








DISCUSSION 


According to classical theory! there is an 
attenuation coefficient of the form Cf? the magni- 
tude of which should be appreciable in the above 
measurements when f= 5000 c.p.s. If this term is 
taken into account, A should be slightly greater 
and B slightly less than the values given above. 
The effect, however, is small, about 75 percent of 
the measured a at 5000 c.p.s., and there are 
insufficient data available to warrant the degree 
of precision which such a correction would imply. 

The effect of tube walls on sound waves was 
calculated by Kirchhoff on the assumption that 
the layer of air in contact with the walls can have 
neither velocity nor change in temperature. The 
analysis as given by Rayleigh? shows that the 
velocity of propagation is not changed appreci- 
ably (except for tubes of very small bore) but 
that the amplitude will have an exponential 
decrement whose value is proportional to the 
square root of the frequency and _ inversely 
proportional to the radius of the tube. 

The expression for this attenuation coefficient 
as given by Rayleigh is here modified by substi- 
tuting for the velocity of propagation its value, 
(Py/p)*?, and rearranging the terms. The expres- 


sion is: 
1 vp\? 
(:--)/( ") Jeon 
vy Xp 





1/ruf\'f 1 
meee 
rm 2 VY 


where r=radius of tube—cm, 

u=coefficient of viscosity 

f=frequency—c.p.s., 

P=mean absolute 
sq. cm, 

y=ratio of specific heats, 

vy represents thermal conductivity, and 
must be expressed in the same units 
as n/p, 

p=density—g per cubic cm. 


g/cm sec., 


pressure—dynes per 


Rayleigh states, with certain reservations, that 
the term vp/y is a constant with the value 5/2. 
More recent measurements indicate that this 
term is substantially constant in that vp and yw are 
both approximately proportional to the absolute 
temperature, but that the value of the constant 


! Rayleigh, Theory of Sound (Macmillan, 1926), $346. 
2 Rayleigh, Theory of Sound, §348-350. 
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is about 5/4. It will be seen that the units in 
which v must be expressed are cm?/sec. This 
corresponds to thermal conductivity, expressed in 
ergs per sec. per sq. cm per degree centigrade per 
cm thick, divided by thermal capacity, expressed 
in ergs per cu. cm per degree centigrade. Different 
investigators report values of thermal con- 
ductivity which differ rather widely. The Jnter- 
national Critical Tables give as the best available 
value 


2.23(1+0.0028¢) X 10* in the above units, 


where ¢ is the temperature in degrees centigrade. 
The thermal capacity is figured at constant 
pressure rather than at constant volume in that 
the thermal effects due to the walls of the tube 
cannot cause appreciable changes in pressure. 
On this basis, the thermal capacity is 


0.242 X4.18 X10" p ergs per cu. cm., per °C 
and for t= 26.5°C, 
vp = 2.37 K10~' g/cm sec. 


The value of u given by Millikan but expressed 
in the same form as the thermal conductivity 
above (i.e., from 0°C rather than from 23°C) is 


u=1.710(1-+0.00288/) X 10-4, 
hence, at {= 26.5°C, 


vp 
—=1.29. 


bu 


The other numerical values used in determining 
a//f are: 
r=0.952 cm, 
w= 1.84104 g/cm sec., 
P=1.014X10*dyne/cm’, 
vy = 1.408, 
giving 
m’ =2.94XK10-*\/f, em7. 


The agreement with the measured value, 
A=2.92X10-, is substantially perfect. It is, 
therefore, concluded that the part of the attenu- 
ation which depends on the square root of the 
frequency is due solely to the effect of the tube 
walls. The remaining term which depends on the 
first power of the frequency in the range investi- 
gated must be due to the air alone unless there is 
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a further effect of the tube walls which is not 
predicted by Kirchhoff’s analysis. 

The anomalous sound absorption found by 
Knudsen from measurements made in reverber- 
ation chambers depends on the first power of the 
frequency, but the magnitude of the effect is very 
considerably less than that which was found in 
the tube. The attenuation coefficient reported® 
for substantially dry air at 20°C and for a 
frequency of 3000 c.p.s. is m=1X10° cm. This 
value is about doubled at 55°C. 

The corresponding term found in these tube 
measurements at 3000 ec.p.s. and 26.5°C is 
Bf=20X10~ for dried air. The value is sub- 
stantially the same as that reported by Knudsen 
at this frequency when the moisture content of 
the air was such as to give maximum absorption. 
Until measurements are made to find whether or 
not the value of the coefficient, B, depends on the 
size of the tube, no definite comparisons can be 
made. 

In conclusion, the method which has been 
described makes possible the measurement of 
attenuation of sound in tubes with a high degree 
of precision. Most of the refinements which have 
been incorporated in the apparatus were sug- 
gested by Dr. W. M. Hall who has collaborated in 


a Acous. Soc. Am. 2, 117 (1930). 
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this research since its inception. The feature 
which has probably contributed most toward the 
elimination of errors is the use of a reference 
microphone to terminate the air column in which 
measurements are made. 


APPENDIX 


Since this paper was first submitted for publication, the 
author’s attention has been called to a report’ by W. P. 
Mason on similar measurements in sound tubes. The 
method employed gave an experimental error which was 
estimated by the author to be 5 percent. To quote from 
the conclusions: “The results obtained agree with the 
Helmholtz-Kirchhoff law within the accuracy of measure- 
ment.” Mr. Mason has kindly furnished a set of curves 
plotted from the data on which his paper was based but 
using the coordinates which are employed in this paper. 
These data, which represent measurements on progressive 
sound waves in four different sizes of tube, when so plotted 
indicate the component of attenuation 
which is proportional to the first power of the frequency. 
Since the magnitude of this component in the ranges 
measured runs from about 1.5 percent to 15 percent of the 
Helmholtz-Kirchhoff component, the value of the coef- 
ficient found from data which may be 5 percent in error 
must be somewhat uncertain. However, within the experi- 
mental error, the results obtained by the two methods are 
in agreement. 


existence of a 


*W. P. Mason, “The propagation characteristics of 
sound tubes and acoustic filters,’’ Phys. Rev. 31, 283-295 
(1928). 
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Power Transmission Loss in Exponential Horns and Pipes with Wall Absorption* 


WILu1AM D. PHELPS 
RCA Manufacturing Company, Inc., Camden, New Jersey 


(Received May 4, 1940) 


The differential equation governing the propagation of sound in horns and pipes in general 
with wall absorption is formulated. Expressions for the pressure and power transmission loss 
in exponential horns and cylindrical pipes are given. Families of curves showing the power 
transmission loss in horns and pipes with various wall absorption coefficients are computed. 
Measurements on the power transmission loss in pine wood and fir wood horns, and the absorp- 


tion coefficients of pine and fir are shown. 





INTRODUCTION 


N horn loudspeakers with walls of wood or 

other material into which sound penetrates a 
finite distance power loss results due to absorp- 
tion by the wall. The magnitude of the power 
loss depends on the type of horn, i.e., whether 
exponential, conical, etc., on the absorption 
coefficient of the horn walls, and upon the con- 
stants of the particular horn. 

The same problem is encountered when sound 
is transmitted in pipes. In the case of ventilator 
pipes! where high sound attenuation is desired 
it is obtained by lining the pipe with rock wool 
or some other material of high absorption coef- 
ficient. In thin walled rubber hose such, for 
example, as is used on a stethoscope, power loss 
occurs due to vibration of the wall and conse- 
quent hysteresis loss rather than being due to 
penetration in the rubber. It is often desirable 
in sound measurements and sound applications 
to have an acoustic impedance which is a pure 
resistance. For example, to obtain a plane wave 
in a pipe the pipe must be terminated by a pure 
resistance. A pipe lined with absorbing material 
provides such an impedance. 

It is the purpose of this paper to present ex- 
pressions for the pressure and for the power loss 
due to wall absorption in exponential horns and 
in pipes. Computed power loss curves for families 
of horns and pipes are given. Also measured 
power transmission loss curves on exponential 
horns of pine and fir wood and the effective ab- 
sorption coefficients of the two woods are shown. 





* Presented at the April meeting of the Acoustical Society 
of America, Washington, D. C. 
L. J. Sivian, J. Acous. Soc. Am. 9, 135 (1937). 


THEORY 


Consider the propagation of sound in any type 
of conduit of which the exponential horn shown 
in Fig. 1 is one type. The wave-length of the 
sound is assumed to be small compared to the 
diameter of the conduit, and the walls of the 
conduit are assumed to be rigid. The porosity of 
the walls and their consequent capacity to 
absorb is indicated by the hatched surface. The 
case for zero absorption coefficient is given by 
the usual horn theory.”* 

At the lamina the condition on the continuity 
of mass is given by 


- ¢. : 
———~——(pX)dx= Spdx, (1) 
dZa Ox 


where p is the density of the air, p is the sound 
pressure at x, dZ, is the distributed wall im- 
pedance over dx, X is the volume current, the dot 
indicating the derivative with respect to time, 
and 5S is the cross-sectional area. 

Now p/c?=p and p=po(1+s), where s is the 
condensation. Whence, expanding (1) by sub- 





Fig. 1. Exponential horn. The capacity of the walls to 
absorb is represented by the hatched surface. 
2 A. G. Webster, Proc. Nat. Acad. Sci. 5, 275 (1919). 
3Stewart and Lindsay, Acoustics (D. Van Nostrand, 
1930). 
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stitution and differentiation, and neglecting where a is the absorption coefficient of the wall. 
second order terms, Eq. (1) becomes 


p ax 5 EXPONENTIAL HORNS 
— oe (2) Considering now the case of an exponential 


horn of circular cross section the annular area ds 
From the equation of motion for the lamina one becomes 


gets ’ Se\ F m? So 2 
— Sdp/dx = poX. (3) ds = 2x( pars 14 en dx, (6) 


T 4r 
Hence, from Eqs. (2) and (3), the differential =: : 
equation governing the propagation of sound in where So is the throat area of the horn and m is 
a conduit with wall absorption is given by the the flare constant. Hence 


relation 





8 
a ; . , dZ 4 = _—__—_______, 7) 
ap 10S dp p 1 Ppo So\! - mS, 7} ” 
dx+ ee dx — dx — nite a =(). (4) Qn =: ee 2 1+ mz dx 
Ox? S 0x Ox c SdZ. . ie F 
: . where 
In general the impedance, dZ,4, of the annular 1+(1—a)! 
wall surface will be complex. Neglecting the ag OP —wo, 
reactive component it may be shown‘ that dZ, —U—a)’ 
is given by Thus for the exponential horn with wall absorp- 
poc 1+(1—a)? ; oy . : ; 
i= ee oes (5) tion the differential equation governing the 
ds 1—(1—a)! propagation of sound becomes 
O*p Op pb 2pop Tv ; m*; 0 i 
—+n——---— ) e~*-++-——. } =0. (8) 
a®* tt & B NS Ar 


It may be shown that the pressure in the horn is given by 


mx ™ i] * 0 
p=|ad - - -if G cos ix)¢( -{ G sin tx) 
2 0 2 0 2 
mx . 0 2 0 
+Be( — +if G cos -av)e( f G sin wae) Jo (9) 
2 0 2 0 2 


| 2pw fr \} m*So\ 3 
G=[(k?—m?/4)?+y?]!, tan 0=y/(k?—m?/4) and »-—=(=) («++ : ) : 
0 


For frequencies for which the reflected wave at the mouth of the horn may be neglected the effect 
of wall absorption on the power transmission of the horn may be obtained from the relation 


where 





SoA? 
P=——e"*, (10) 
pc 
where 
2pce fr? . 
a= —(—) (l—e-™!?),  k?—(m?/4) > yw. 
mB \ So 


Eq. (10) applies for frequencies above cut-off and for small values of a. For frequencies at cut-off and 
for larger values of a the relation 


SoA? a. 
P=——e f G sin —dx applies. 
2 


pe 0 
*W. D. Phelps, J. Acous. Soc. Am. 9, 309 (1938). 
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Fic. 4. Power transmission as a function of distance from 
the throat in an infinite exponential horn with flare constant 
m=0.037. Throat area=1 cm*. 
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Fic. 3. Power transmission as a function of distance 
from the throat in an infinite exponential horn with flare 
constant m=0.0185. Throat area=1 cm?. 
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Power transmission as a function of distance 
from the throat in an infinite exponential horn with flare 
constant m=0.185. Throat area =1 cm?. 
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Fic. 6. Power transmission as a function of distance from 
the throat in a family of infinite exponential horns with 
wall absorption coefficient a=0.05. Throat area=1 cm’. 
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Fic. 9. Power transmission as a function of distance from 


the throat in a family of infinite exponential horns with wall 
absorption coefficient a=0.2. Throat area=1 cm’, 
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Fic. 10. Power transmission as a function of distance 
from the throat in a family of infinite exponential horns with 
wall absorption coefficient a=0.25. Throat area=1 cm*. 
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CYLINDRICAL PIPES 


If the conduit is a cylindrical pipe with absorbing walls, or with walls lined with absorbing material, 
as shown in Fig. 11 the expression for the pressure may be obtained from Eq. (9) for the exponential 
horn by setting m equal to zero. The pressure in the pipe is given by the relation 


(k4+py*)?—k*7} (k*+p?)' +k?! 
pa AL Se [I 
(e+n*)!—#} | (Ritu?)i +key | 
+B¢(| “ee | =)e( [or : “ » (11) 


where n= 2pck/B8r, r=radius of the pipe. Hence COMPUTATIONS 
the power transmission loss in the pipe due to 
wall absorption is given by 
SA? 
P=—e-2ve= 6, (12) 
pc 


A family of curves showing the power trans- 
mission loss for exponential horns of various 
flare constants having wall absorption coef- 
ficients up to 0.25 are shown in Figs. 2 to 10 
inclusive. If the absorption coefficient of the 


Eq. (12) applies for the values of the absorption material forming the horn walls is known the 


° . . 9 
; ‘ients ¢ encies for which k?>u. . 
coefficients and frequencies for which k*>p power loss may be determined from these curves. 







x POCT TRE = mesa And vice versa if the power transmission loss is 
R- aaa teal — known the absorption coefficient may be deter- 


calli Nana mined. In general the transmission loss is seen 
oe to increase as the flare constant of the horn 


decreases. The transmission loss increases as the 





Fic. 11. Pipe lined with absorbing material and terminated 
by a matched impedance. 
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Fic. 12. Power transmission as a function of distance ina Fic. 13. Power transmission as a function of distance ina 
pipe with absorbing walls. Pipe radius =2.5 cm. pipe with absorbing walls. Pipe radius =5 cm. 
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Fic. 14. Power transmission as a function of distance in a 


pipe with absorbing walls. Pipe radius= 10 cm. 
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Fig. 15. Power transmission as a function of distance in a 


pipe with absorbing walls. Pipe radius = 20 cm. 
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throat area decreases, and, of course the loss is 
greater the larger the absorption coefficient of 
the horn wall. 

In Figs. 12 to 16 are shown the power trans- 
mission loss in pipes of different radii with walls 
of various absorption coefficients. 
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Fic. 16. Power transmission as a function of distance in a 
pipe with absorbing walls. Pipe radius =40 cm. 
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Fic. 17. Power transmission loss in the pine wood and 
fir wood horns shown in Fig. 18. Throat area=2 cm’, 


cut-off frequency = 100 cycles/sec., length = 180 cm. 
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Fic. 18. Photograph showing the construction of the horns. 
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fir wood determined from power transmission measurements, 
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TABLE I. Absorption coefficients of unpainted white pine and 








ABSORPTION COEFFICIENT 











FREQUENCY WHITE PINE FIR 
1024 0.01 0.016 
2048 0.011 0.024 
4096 0.025 0.035 

MEASUREMENTS 


Power transmission measurements on _ ex- 
ponential horns with pine and fir walls are shown 
in Fig. 17 for the frequency range 150 to 7000 
cycles/sec. A photograph of the horns together 
with the reference horn, which consisted of an 
aluminum throat and a painted fir mouth, is 
shown in Fig. 18. From the power transmission 
loss curves the effective absorption coefficients of 
unpainted pine and fir have been determined 
using Eq. (10). These are given in Table I for 
three frequencies. 
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Sound Prevention Mechanism of Nonporous Materials. Part I 


SADAO KAWASHIMA 
Department of Architecture, Waseda University, Tokyo, Japan 


(Received December 6, 1939) 


INTRODUCTION 


N response to the modern requirements for 

satisfactory sound insulating materials, nu- 
merous investigators have been engaged in the 
search for such materials. As a result of such 
efforts, both of theoretical and experimental 
nature, the following generalization, namely, 
that the sound insulation of building materials 
is proportional to the logarithm of their weight 
per unit area, is accepted as substantially 
correct. 

This generalization, although quite helpful 
from the practical point of view, cannot be 
applied to all kinds of building materials, varying 
widely in their physical properties, which pro- 
duce differences in the mechanism of sound 
transmission. The so-called building materials 
may be classified as either porous or nonporous 
depending upon their physical composition, and 
the differences in the mechanism of sound 
transmission would depend upon the nature of 
material under consideration. 

Another objective, much desired and needed 
by the engineering profession, is the attainment 
of satisfactory sound insulation by using light 
materials. In response to such a demand, the 
analysis of sound prevention mechanism must 
be made. 

In this connection, the author has analyzed 
the following two problems; first, the trans- 
mission loss of elastically restrained nonporous 
material and second, that of nonporous and non- 
elastically built-in materials. This paper is re- 
stricted, however, to the discussion of the results 
obtained in the study of the first-mentioned 
problem, namely, the relation between mechani- 
cal vibration and transmission loss of non- 
porous plates. 


THEORETICAL CONSIDERATIONS 


When the plate is considerably rigid and thin 
compared with the wave-length of the exciting 
pulstances, the actual wave transmission of 
sound through the plate is not of great im- 
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portance, and it becomes possible to regard the 
plate as an infinitely thin massive diaphragm. 
In practice, however, the plate is clamped at 
the edges, and may vibrate as a whole. 

The theoretical consideration of this mecha- 
nism of transmission loss of thin, nonporous, 
rigid materials under elastic restraints was pub- 
lished by A. H. Davis.' According to his theory, 
when the sound wave £&)= £o;e'*‘*-*/ is incident 
normally upon a partition which may be con- 
sidered as an infinitely large diaphragm, having 
a Mass m per unit area, then the diaphragm will 
vibrate in the manner represented by the 
expression £ = £.e'*¢. 

Then the following equations may be written: 

For the first medium, 


£1 = Enueie(t-2/0) 4 Ey, /eiol tt z/¢) | (1) 


where the second term represents the reflected 
wave. 
For the plate, 


£2 = Eq2e'*! (2) 


and for the wave transmitted on the other side 
of the plate, 


£5 = Eggete(t-2/0) | (3) 


where £,, £2 and & 3 represent particle displace- 
ments in the first medium, the plate and the 
second medium, respectively. 

At the boundary, consider the plate as per- 
fectly rigid; then between the first medium and 
the plate, or plate and second medium, velocities 
must be continuous. Therefore applying the 
boundary condition such that 


Eoit Eo’ _ Eoo, £03 - Eoo. (4) 


The pressure variations causing the motion of 
the plate arise from the sum of the effects of the 
pressure variations associated with the incident, 
reflected and transmitted waves. The total force 
on unit area of the plate may be written 601 


1A. H. Davis: “Transmission of sound through parti- 
tions,” Phil. Mag. 15, 309 (1933). 
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+ dpo1’ —Spo3 or since 6p=-+cpé, with attention 
to the sign of c, it becomes pc(£o1— £01’ — £o3)e'**. 
Then the equation of the plate becomes 


méo+réot+sts=Ri(éo1— Eor’ — Eosde*', (5) 


where m is the mass per unit area, r the dissipa- 
tive resistance, s the coefficient of elastic re- 
straint of the plate and R, the specific acoustic 
resistance of the air represented by pc, where p is 
the density and c the velocity of sound in air. 

Solving this equation, the ratio of the square 
of the velocities is given by 


(=) (5). (r+2R,)?+(mw—s/w)? ‘as 
£03 Eo 4R;? * 





and the transmission loss in db by the following 
equation 


T.L. cap) = 10 loerf 





(r+2R,)’?+(mw—s =] . 
-— LRRD 
4R;? 


By writing w» for the natural pulstance (s/m)? 
of the plate,” the following expression is obtained 


T.L. (av) = 10 toe 
4 





m?w?(1 — wo? /w?)? 
Fa ns 


When there is no appreciable dissipation in the 
plate itself, y=0, and the equation becomes 





m*w?(1 —wo?/w?)? 
T.L. can) =10 log 1 + | (9) 


4R;? 


It can be readily seen that the transmission 
loss is due to the effect of mass and the relative 
relation between the natural and excited pul- 
stances. 

It is possible that the plates may have several 
modes of vibration but in our experiment, with 
the exception of a thin iron plate, only a single 
mode of vibration appeared. 

It is evident that wo=(s/m)! is a decisive 
factor in determining the transmission loss, where 
the coefficient s is related to and influenced by 
the boundary conditions of the plate. For a 


* Actual angular velocity of the oscillation is wo’= 
(s/m—r*/4m?*)4 but in general, as s/m<r*/4m?, we can put 
bd , 
Wo=Wo’. 
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certain material, when the boundary conditions 
are fixed, the natural frequency assumes a 
constant value, and as may be seen from Eg. (8), 
the amount of the transmission loss is decisively 
affected by whether the natural frequency coin- 
cides with the exciting frequencies. The factors 
relating to the natural frequency are mass and 
stiffness. The stiffness is considered a function 
of the “geometrical shape’”’ and the boundary 
conditions, and m is determined by the quantity 
representing the nature of the material itself, 
Therefore, the transmission loss of plate-like 
materials is determined by the following two 
factors, geometrical shape and boundary condi- 
tions as well as by inherent physical properties. 
A similar situation arises in the case of the 
strength of elastic materials where the moment 
of inertia depends upon the shape of the body 
and the modulus of elasticity is an inherent 
physical property of the body. 

As a logical consequence, it is meaningless to 
express the transmission loss of elastically re- 
strained nonporous materials on the basis of the 
physical properties alone. 


DESCRIPTION OF EXPERIMENT AND DISCUSSION 
or TEsT RESULTs 


The tests were conducted in order to ascertain 
the factors mentioned above and appearing in 
Eq. (8), but before proceeding to the description 
of the test and the discussion of the test results, 
a word in regard to the transmission loss meas- 
urement may not be out of order. 

In our sound laboratory at Waseda University, 
all interior surfaces of the test were 
covered with highly absorbent materials (see 
Fig. 1). The reduction factor is sometimes defined 
as the square of the ratio of the sound pressure 
of the generating and receiving rooms, respec- 
tively, when they are separated by the test plate. 
However, this method of conducting the test, 
as previously pointed out by other investigators, 
is unsatisfactory for the reason that the measured 
values of the transmission loss include the ab- 
sorption power of both rooms. Next consider the 
comparative intensities of progressive waves at 
points A and B (see Fig. 1), namely points in 
front and back of the test window without the 
test plate in place. 
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Fic. 1. Plan of sound laboratorv. 


In spite of the absence of the test piece in the 
window, owing to the abrupt change in the cross- 
sectional area of the room to that of the test 
window, a slight transmission loss of about 
I~1.8 db due to open-mouth resistance, ap- 
peared in the experimental measurements. 

From the foregoing, it is evident that the test 
must be conducted under the following condi- 
tions in order to satisfy Eq. (8): 

(a) The receiving room to be covered with 
highly absorbent units to similate open air 
conditions. 

(b) The distance between the sound source 
and the test plate to be kept as large as 
possible, and absorbent units to be hung pro- 
fusely in the sound generating room so that 
the reflected waves from the plate are absorbed 
before returning to the sound source. 

The fulfillment of condition (a) will, in a 
large measure, eliminate the reflected waves, 
thereby satisfying one of the conditions expressed 
in Eq. (4), and the meaning of condition (b) is 
that the measurement must be made under the 
condition of plane waves; that is, the intensities 
of sound at point A and B (at least 60 cm apart) 
are to be identically equal. Further, when the 
plate is placed in position, reflected waves will 
be produced which will tend to create negative 
pressure at the loudspeaker. The reflected wave, 





however, will propagate from the plate making 
a wide angle so that the amount of sound picked 
up by the speaker is negligible, not only by this 

fact alone but also by the absorption of energy 

by the absorbent unit hanging from the ceiling. 

In spite of the fact that such elaborate pre- 
cautions were taken, a slight wave pattern could 
not be eliminated in the receiving room, and the 
measured transmission loss of so-called pro- 
gressive wave at point A and B amounted to 
somewhat less than 1 db; such small -discrep- 
ancies in the transmission loss, expressed in db 
can properly be disregarded. Considering the 
pressure at point A and B to be substantially 
the same, in our present experiment, the sound 
pressures at point B were measured both with 
and without the test plate in place. 

As previously stated, the purpose of the 
present experiment being the investigation of 
sound transmission mechanism of plate-like ma- 
terials—in other words, the relation between 
mechanical vibration and transmission loss—we 
first attempted the use of Rochelle salt of the 
deflection type to pick up the mechanical vibra- 
tion, but we experienced great difficulties in 
keeping compliance between the plate and the 
needle edge always in a constant condition. For 
this reason, the method hereinafter described 
was used. Fixing the coil on the plate by paraffin, 
the magnet was placed over the coil independent 
of the plate. When the plate is acted on by the 
sound pressure, the coil moves with it which 
induces an e.m.f. which is amplified and meas- 
ured. A view of this movable type coil vibration 
pick-up is shown in Fig. 2. While picking up the 
relative amplitude of mechanical vibrations, the 
velocity microphone was placed at the point P 
(see Fig. 1) in the sound generating room, 
taking precaution to avoid the reflected wave 
from the back wall, to ascertain whether the 
acoustical output for all range of frequencies 
was being maintained constant. The induced 
e.m.f. is proportional to the velocity of motion 
of the plate and not to the actual displacements. 
Consequently, in order to represent the relative 
displacement of mechanical vibration, it is neces- 
sary to compute these displacements. In order to 
determine the natural frequency of the plate, 
the latter was struck slightly by a soft hammer 
and the induced oscillations of the plate and the 
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Fic. 2. Vibration pick-up. 


sound wave were obtained simultaneously on an 
oscillograph record. Meanwhile the sound pres- 
sure was measured by band microphone and 
Schalldruckmesser of Siemens and Halsk A.G. 
A general view of this measuring equipment is 
shown in Fig. 3. 

As a representative specimen of the non- 
porous materials, glass plate was selected. A cir- 
cular glass plate, 3 mm in thickness and 50 cm in 
diameter, was placed in the opening. (See Fig. 3.) 
The recorded natural vibration and sound wave 
for this specimen are shown in Fig. 4. From this 
figure it is evident that the sound wave forms 
follow that of the mechanical vibration where 
the mechanical vibration is of the order of 
fo=68 cycles per second and calculated resistance 
from the damping is r=27.5 g/cm®* sec. The 
results for the transmission loss and relative 
amplitude of mechanical vibration are shown in 
Fig. 5, where the curve for transmission loss 
represents the transmission loss as calculated 
from the Eq. (8) and the plotted points are the 
measured value of the transmission loss. (The 
amplitude curve for mechanical vibration is 
obtained from the experimental results.) On the 
basis of the results of this test, it may be said 
that at the frequency of 68 cycles per second, 
the amplitude of plate vibration becomes a 
maximum and the transmission loss a minimum, 
but on the contrary, in the domain of high 
frequencies, the amplitude of the mechanical 
vibration decreases gradually which results in 
large values of the transmission loss. This phe- 
nomenon occurs when the exciting frequency 
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differs considerably from the natural frequency 
and only the mass of the plate contributes to the 
reduction factor. As may be seen at the point of 
f=68 cycles, the amount of energy dissipation 
due to resistance is so small that it can be said 
that the sound prevention mechanism of similar 
nonporous materials elastically restrained is 
mostly due to mechanical reactance. 

The above relations obtained in the case of 
plate-like thin specimens. However, what will be 
the relation of the transmission loss when the 
thickness of the materials is gradually increased ? 

To investigate these probable differences in 
behavior, 50-cm square gypsum plaster plates of 
various thickness were investigated. The con- 
dition of the specimens—for instance, the 
presence of bubbles and the condition of drying 
of the plate—will have an important effect upon 
the transmission loss. For this reason, all the 





Fic. 3. View of experimental set-up looking from the 
receiving room toward the generating room. 





Fic. 4. Damped oscillation of a glass plate. 
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Fic. 5. Mechanical vibration and 


specimens were prepared at one time and these 
were naturally dried extending over a period of 
about a month. The physical dimensions of 
these 50-cm square specimens as well as their 
respective natural frequencies are all listed in 
the following Table I. 

The weight of unit area of each plate is rather 
uniform and the reason for the irregularity of 
the natural frequencies with respect to the thick- 
ness is most probably due to the boundary 
conditions of the plate, i.e., the differences in the 
tensile force acting. The results from the experi- 
ment and the computed value from Eq. (8) are 
graphically shown in Figs. 6-10. From these 
results, it can be said that the greater portion 
of the reduction factor of a plate is caused by 
mechanical diaphragm action since the amplitude 
of vibration decreases for high frequencies. 

Broadly speaking, the transmission loss of a 
nonporous material is proportional to the loga- 
rithm of its weight per unit area, but as the 
transmission loss is also a function of the ex- 
citing frequencies, the value becomes somewhat 
different near fy. 

Consider Eq. (9) for definite value of wo and w, 
































TABLE I. 
NATURAL DISSIPATIVE 
THICKNESS WEIGHT FREQUENCY RESISTANCE 
No (MM) (G/CM?) (c.P.S.) (G/SEC.) 
A 14 1.50 95 72 
B 21 2.18 101 111 
( 30 3.15 101 146 
D 40 4.10 93 228 
E 50 A 85 262 














500 1000 2000 4000 8000 
CYCLES PER SECOND 


transmission loss of a glass plate. 


putting 
w?( 1 —=—Wo", w*)* 
—__—_—_—_——-=k, (10) 
4R,;’ 
then Eq. (9) rewritten as 
T.L.an) = 10 logi0 (1+km?), (11) 


if km*>1, then the former equation becomes 
T.L. can) = 410 log :0(km?) 
T.L. can) = 10 logig R410 log 10 m?, (12) 


or 


The condition km*>1 is satisfied when the 
exciting frequencies are far from the natural 
frequency. Taking fy=100 cycles and f=1000 
cycles, the relation between the transmission loss 
and weight per unit area calculated from Eq. 
(12) is shown in Fig. 11. If the curve of 
10 logio Rm? is analyzed, it is evident that this 
curve is the summation of the curves 10 logis Rk 
and 10 logy m? and the value 10 logio & is the 
amount of reduction which is primarily due to 
the exciting frequency, and 10 logy) m? is the 
reduction factor due to the mass. 

Next consider the case when km? becomes com- 
parable to 1, this being the case when m becomes 
very small or when w approaches wo, then the 
approximate calculation of Eq. (12) indicates 
negative transmission losses, an evident contra- 
diction which is due to the approximate calcula- 
tion, and the dotted line showing 10 log 1» (1-+&m?*) 
is the real transmission loss. 

In our present experiment m changes from 
1.5~5.15 g/cm*® and fo from 68~101 cycles. 
For convenience of computation it has been 
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Fic. 6. Mechanical vibration and transmission loss of a plaster plate (thickness 14 mm). 
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Fic. 7. Mechanical vibration and transmission loss of a plaster plate (thickness 21 mm). 
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Fic. 8. Mechanical vibration and transmission loss of a plaster plate (thickness 30 mm). 
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Fic. 9. Mechanical vibration and transmission loss of a plaster plate (thickness 40 mm). 
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Fic. 10. Mechanical vibration and transmission loss of a plaster plate (thickness 50 mm). 
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Fic. 11. Transmission loss versus weight per unit area. 
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(a) 


assumed that all of the plates have a constant 
natural frequency of f)=100 cycles for all thick- 
nesses and that the exciting frequency is 1000 
cycles; then the computed values of 10 logio m? 
are shown in the lower right hand part of Fig. 11, 
while the plotted points are the values obtained 
by deducing 10 logio k from the experimentally 
measured values shown in Figs. 6-10. (See also 
Table IT.) 

The reduction factor due to a certain mass, 
however, will bear a constant relation to the 
transmission loss, while the values of 10 logio Rk 
are affected by the boundary conditions. There- 
fore, the slope of 10 logio m? as shown in the 
right-hand lower part of Fig. 11 represents the 
trend of transmissibility of all nonporous ma- 
terials when the natural frequency differs from 
the exciting frequencies. But if this slope is 
compared with those based on the experimental 
results of other investigators, it is a slightly 
steeper slope. This is reasonable as the experi- 
mental values contain attenuation or dissipation 
values, but this trend becomes meaningless in 
the case when the exciting frequencies approach 
the value of the natural frequency. 

The question of the filtration of noises will 
now be briefly discussed. As shown in Figs. 6-10 
the amount of the sound reduction varies over 
a wide range of frequencies causing the filter- 
ing out of sound containing the overtones. For 


TABLE II. 











MEAS- 

URED 

T.L. 

FOR 

WEIGHT 1000 10 LoGiok | 10 LoG m?=T.L. —10 LoGiok 

No. (G/CM?) (DB) (DB) (DB) 
A 1.50 38 ae 1 
B 2.18 40 37 3 
Cc 345 46 37 9 
D 4.10 48 '37 11 
E S45 51 37 14 
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Fic. 12. Filtration of 


overtones. 





(c) 


instance, for a 30-mm thick plaster plate, the 
wave forms of complex sound before and after 
transmission are shown in Fig. 12. This figure 
shows (a) the actually recorded wave form of 
the sound source, (b) the mechanical plate 
vibration and (c) the sound wave after being 
transmitted. 

From the above, it is clear that the quantities 
of high frequencies in the receiving room are 
considerably reduced while those of lower fre- 
quencies are not appreciably reduced. This 
means that the gypsum plaster plate acts as a 
low pass filter, and the reason for the distortion 
of sound which we actually experience becomes 
apparent. 


CONCLUSION 


On the basis of the present experiment, it is 
evident that in the case of elastically restrained 
nonporous thin materials, the principal part of 
sound transmission mechanism is traceable to 
diaphragm action. It is clearly evident that this 
transmission mechanism is composed of the 
following two parts: (a) the effect due to the 
relation between the natural and exciting fre- 
quencies, (b) the effect due to mass. Therefore, 
in the expression of the transmission loss of 
building materials, not only the weight per unit 
area of the material but also the boundary 
conditions play a very important role which 
should be given full consideration. 
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HE role of the material of musical instru- 
T ments in determining tone quality has long 
been a source of argument among musicians, 
instrument makers, physicists, and the public. 
Much has been said and written on the subject, 
often without foundation. On the one hand, 
strong claims have been made for certain 
materials, on the ground that those materials 
gave the tone certain desirable characteristics. 
On the other hand, others have claimed, as did 
Lavignac in his book, Music and Musicians, that 
the only function of the body of the instrument 
is to contain the air. 

The authors of this paper have been interested 
in this problem for several years, the interest 
originating largely as a result of field contacts 
with men of the pipe organ industry. Many of 
these men, including pipe voicers, manufacturers, 
and maintenance men, are of the opinion that 
the material used in an organ pipe has a profound 
effect on the tone quality. For example, pipes of 
wood are popularly supposed to give a tone 
that may be described as “woody,” ‘‘warm,” 
“mellow,” and the like. Tones of metal pipes 
with a high percentage of lead (common metal) 
are generally described as ‘‘solid,” ‘‘founda- 
tional,”’ ‘‘massive.’’ If the metal has a high 
percentage of tin and the walls are thin, the tone 
is often thought of as “‘keen,” “‘stringy,’’ “biting,” 
or “‘incisive.’’ The fact that general descriptive 
terms that are used to describe timbre are 
indefinite has, perhaps, led observers to persuade 
themselves that their conclusions regarding the 
effect of materials are valid, even in the absence 
of logical bases for the conclusions. Thus, one 
need only read the comments of Schafhautl,! as 
he described the tone of a paper trumpet as 
“papery”? and the tone of a lead trumpet as 
“heavy,” to discover a foreshadowing of opinions 
on the effects of materials that continue down to 
the present. 

Experimentally, the problem is definite. The 


_'C. v. Schafhautl, Allgemeine Musikalische Zeitung 14, 
593 (1879). 
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problem calls for outdoor analyses of the acoustic 
spectra emitted by the individual pipes, with 
proper controls of spurious reflections and of 
variables in the pipes other than the nature of 
the material used in the walls. This paper de- 
scribes the measurements taken in an attempted 
answer to the question, the precautions observed, 
and the results obtained. 


HISTORY OF THE PROBLEM 


Miller gave a rather complete account of work 
done and opinions rendered prior to 1909; and 
his account serves admirably for a summary of 
early work done. Thus, Biot (1817) proposed 
that the quality of each substance might be due 
to varying relative harmonic intensities. Boehm 
(1871) stated that hardness and brittleness of 
the material used had a major effect on tone 
quality. He was of the opinion that pewter tubes 
gave a soft, weak tone; German silver a brilliant, 
shrill tone; silver a brilliant and sonorous tone; 
and wood a “literally wooden’’ tone. On the 
other hand, Mahillon, in his treatise entitled 
Elements d’ Acoustique, Musicale et Instrumentale, 
criticized Boehm for his statements regarding the 
effect of materials. Mahillon believed that only 
the air vibrated in wind instruments; in fact, he 
built a wooden cavalry trumpet that sounded like 
the ordinary brass trumpet. Lavignac (1899) 
agreed with Mahillon and referred specifically to 
pasteboard organ pipes that had been used by 
certain organ builders. 

Helmholtz* expressed the opinion that wooden 
pipes produced tones of different quality from 
metal pipes, when he declared: ‘“‘Wooden pipes 
do not produce such cutting windrush as metal 
pipes. Wooden sides also do not resist the 
agitation of the waves of sound so well as metal 
ones, and hence the vibrations of higher pitch 
seem to be destroyed by friction. For these 


2D. C. Miller, ““The influence of the material of wind 
instruments on the tene quality,” Science 29, 161 (1909). 

3L. Helmholtz, Sensations of Tone, Ellis translation 
(1930). 
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84 C. PF. BONER 
reasons wood gives a softer, but duller, less 
penetrating quality of tone than metal.” 

Savart‘! constructed numerous resonating bod- 
ies of different materials and found that when he 
made the bodies of paper or parchment the tone 
was usually more agreeable and lower in pitch 
than when harder materials were used. He also 
found that if the tension and stiffness were 
gradually diminished the frequency was reduced. 
Impregnating the material with water vapor 
produced this effect. He pointed out that the 
analogies between the musical instruments and 
the membranous cavities of the human voice 
mechanism is poor. He said: “In the musical 
instruments the air contained in a cavity is set 
into vibration by the solid walls surrounding it; 
on the contrary, in membranous cavities, it is 
the air which is the body set directly into 
vibration and which communicates then its 
vibrations to the containing walls.”’ 

Liskovius® found that if the material used was 
parchment, tightening or stiffening of the walls 
raised the pitch. 

Miller? used pipes of wood and of zinc of the 
same internal dimensions. He found that the 
zinc pipes were more than two semitones lower 
in frequency than the wood pipe and that the 
tones of the zinc pipe were sensitive to pressure 
on the walls from the outside. When water was 
filling the space between one of the pipes and an 
outer cylinder, the pitch, quality, and vibrational 
mode excited all varied. Miiler discussed at some 
length the role of materials from the standpoint 
of his experiments and from the traditional 
point of view of the manufacturer; and he 
expressed the opinion that the material had a 
decided effect on tone quality. 

Gronwall® showed theoretically that, in the 
case of longitudinal vibrations of an elastic tube 
filled with liquid, the velocity of wave propaga- 
tion is reduced due to vibration of the walls of 
the tube. 

Richardson’ declared that if the walls of the 
instrument are yielding or absorbent, the pitch 
is lowered and the tone is weak and strongly 


4F. Savart, Ann. chim. phys. 30, 64 (1825). 

5K. F.S. Liskovius, Pogg. Ann. 57, 497 (1842). 

6 T. H. Gronwall, Phys. Rev. 30, 71 (1927). 

7E. G. Richardson, Acoustics of Orchestral Instruments 
and of the Organ (Edward Arnold & Co., London, 1929). 
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damped. As a basis for his conclusion he stated 
that when a papier maché horn ts grasped firmly, 
the tone becomes louder. This observation, jf 
intended to be general in application, is in 
conflict with that of Miller. Richardson stated 
that increased rigidity causes increased efficiency, 
He also stated that the natural frequencies of 
the walls might be such as to cause reenforce- 
ment of certain notes of the instrument. 

Barnes® states that: ‘‘The thickness of the 
metal has also much to do with the development 
of the harmonics, or the reverse. Thick metal 
causes the tone of pipes made with it to be more 
foundational. Pipes made with thin walls have 
greater harmonic development.”’ 

Jones® states that: ‘‘The material of the walls 
has little effect on pitch or quality so long as the 
walls are hard and smooth and are fairly rigid. 
But if the walls are thin or flexible the material 
does become important.”’ 

Press!® treated the problem of energy flow 
through the walls of a tube. He found that this 
flow requires the generation of a progressive wave 
along the walls of the tube and a change in the 
phase velocity. 

Cotton" found: (1) That the resonant fre- 
quency of a soft-walled cavity is higher than in 
the case of rigid walls; (2) that the partials in 
soft-walled cavities are inharmonic; (3) that 
soft walls reduce radiation from the resonator. 

Lottermoser'? found extra maxima in_ the 
spectrum from organ pipes of metal, these addi- 
tional maxima being due to excitation of weakly 
damped resonance modes of the metal tube. 
These modes, he stated, modulate the tone from 
the air column and produce audible beats. The 
particular harmonic that is thus modulated, 
according to Lottermoser, will ordinarily be a 
high harmonic since the material is such that 
resonance of the metal is at a higher frequency 
than that of the lowest partials of the air column. 





8 W.H. Barnes, The Contemporary American Organ (J. 
Fischer & Bro., N. Y., 1933). 

* A. T. Jones, Sound (D. Van Nostrand, 1937). 

10 A. Press, ‘‘Theory of sound in voice tubes with radiat- 
ing walls,’’ Physik. Zeits. Sowjetunion 5, 616 (1934). 

J. C. Cotton, ‘‘Resonance in soft-walled cylinders,” 
J. Acous. Soc. Am. 5, 208 (1934). 

12W. Lottermoser, ‘‘The influence of the materials of 
metal organ pipes on their tonal structure,’’ Akustische 
Zeits. 3, 63 (1938). 
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These metal tones also affect the transient state 
of the pipe, in his opinion. 

Jones," in discussing the paper of Lottermoser, 
pointed out that the modulating frequencies 
necessary to produce the lines in the spectrum 
presented by Lottermoser are far below any 
modes of the pipe wall. Certain results of the 
present paper will bear on this point. 


SCOPE OF THE PRESENT STUDY 


In making a study of the effect of materials on 
the acoustic spectrum, it is extremely important 
to maintain all factors other than material 
strictly constant. Thus, all dimensions of the 
pipe in the vicinity of the mouth must be un- 
changed, especially mouth dimensions and posi- 
tion of the languid (Fig. 1). A change of a few 
hundredths of a millimeter in the height of the 
languid will make a decided difference in the 


8A. T. Jones, ‘‘Recent investigations of organ pipes,’ 
J. Acous. Soc. Am. 11, 122 (1939). 
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spectrum. For example, raising the languid makes 
the pipe slow in speech and decreases the ampli- 


tudes of the partials. Mouth height, wind 
pressure, inside diameter of the tube, and other 
physical factors all influence the tone of the 
pipe. Any test of the effect of materials that calls 
for several pipes geometrically identical is likely 
to lead to erroneous conclusions because of 
almost unavoidable differences in factors other 
than materials. Only by microscopic setting can 
the languid be set at the same relative positions 
in all pipes with sufficient accuracy for an 
accurate measurement. If the material of the lip 
is changed, the curvature of the edge will change 
and the tone will be different. Consequently, in 
the present work the structure and material at 
the mouth of the pipe was kept the same by 
using only one pipe, while the spectrum was 
measured as a function of the material of 
cylinders joined to the lower portion, as shown 
in Fig. 1. Analysis before and after placing the 
collar showed that the collar had negligible 
effect. 


METHOD OF ANALYSIS 


Free-field analyses were made, by the method 
previously described.“ It is particularly im- 
portant to note, in a test of the effect of a single 
variable, that the sound field at a point is the 
resultant of all emissions from the pipe, and 
that the intensity will, therefore, vary from 
point to point. If emission is solely from mouth 
and top of the pipe, then the interference pattern 
in the sound field can be roughly predicted by 
considering the mouth and the top as single 
sources of sound. For odd-numbered harmonics, 
emissions from mouth and top should differ in 
phase by approximately md (m=0, 1, 2, 3, etc.), 
because the distance between the two sources is 
approximately n\/2 (n=harmonic number). For 
even-numbered harmonics, emissions from top 
and mouth should differ in phase by approxi- 
mately (n—1)d/2. Thus, at a point on a line per- 
pendicular to the axis of the pipe, passing 
through the pipe midway between ‘‘mouth” and 
“top” sources, the intensity of odd-numbered 
harmonics should be a maximum and the in- 
tensity of even-numbered harmonics should be a 


4C,. P. Boner, “Acoustic spectra of organ pipes,” J. 
Acous. Soc. Am. 10, 32 (1938). 
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minimum. Measurements made in this labora- 
tory have shown this to be the case for the first 
four harmonics, although higher harmonics obey 
a more complex rule. Measured amplitudes near 
mouth and top are of the same order of magni- 
tude; hence, amplitudes of second and fourth 
harmonics at the measuring point described are 
smaller than would otherwise be expected. It has 
been experimentally shown in this laboratory 
that if radiation from the mouth of the pipe is 
suppressed, the amplitudes of even-numbered 
harmonics are markedly increased at the meas- 
uring point, as would be expected, and the tone 
of the pipe is thereby made totally different from 
that of the unaltered pipe. The resulting spec- 
trum can be made much more regular, by this 
device, than those of normal flue pipes as pre- 
viously described." 

In the light of this interference effect, analyses 
made at a point as described above will be 
sensitive to amplitude and phase effects and, in 
addition, to effects of wall vibration and emission 
through the walls. As the material of the tube 
is changed it might be expected that emission 
from the tube walls would change, as well as 
amplitudes and phases of emissions from mouth 
and top. 





MATERIALS USED 


Seven cylinders were used, as follows: 




















Weicut | THICKNESS IN 

IN THOUSANDTHS 

NUMBER MATERIAL POUNDS OF AN INCH 
1 Common pipe metal 2.20 50 
2 Galvanized iron 0.70 25 
3 Steel 2.20 70 
4 Shellacked paper 0.15 8 
5 | Light copper 0.30 a 
6 Medium copper 0.50 13 
7 Heavy copper 0.90 29 
8 Pine 0.88 312 





EFFECTS OBSERVED 


Some of these cylinders exhibit curious effects. 
The paper cylinder, for example, was of ordinary 
wrapping paper and was therefore porous. When 
first formed, the resulting pipe refused to speak, 
except in that it emitted unstable noises. As the 
shellac that was later placed on the paper began 
to dry, continued improvement in speech was 
noted over a period of three or four days. At the 
end of that period, the speech was apparently 
perfectly normal, as compared with the cylinder 
of regular pipe-metal (largely lead). Clearly, the 
shellac gradually sealed the pores and, as 
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Lavignac would possibly have said, the pipe 
began to ‘contain the air.” If the finished paper 
pipe is grasped by the hand, vigorous vibrations 
of the cylinder are felt and the tone rapidly 
changes as the grasping pressure is increased. 
Any sensible deformation of the pipe from a true 
cylinder cause large tonal changes. If a de- 
pression is made in the cylinder the tone ceases; 
increased blowing pressure will then produce a 
tone of considerably higher frequency than the 
original tone. These results are in accord with 
the observations of Miller and others. 

The light-weight copper pipe exhibits an inter- 
esting transient effect. When the blowing pres- 
sure is suddenly cut off, the pipe continues to 
emit sound for a second or two, the tone having 
two basic frequencies: one very close to the 
original, steady-state frequency and one at a 
slightly lower frequency. Beats are clearly audible 
during the decay period, and the effect is some- 
what like an organ Flute Celeste. This effect 
might be pleasing in an actual organ stop, par- 
ticularly since the beats are not present in the 
steady state. The effect is possibly related to the 
effect described by Lottermoser,” but his expla- 
nation (see Jones’) could hardly suffice for the 
effect noted in the present paper. 
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If this thin copper pipe is tapped with the 
finger (the pipe not being blown), the same 
beating tone is heard as in the case of the 
removal of the blowing pressure. There are, in 
addition, other tones produced, one of them 
having a frequency of approximately 200 vibra- 
tions per second. Each of these modes appears, 
in most cases, as a doublet, and the beats heard 
are beats between the members of the doublet. 
When the pipe is speaking normally, by being 
blown in the usual manner, only the customary 
harmonic series (singlets) is found, provided the 
blowing pressures are normal for the particular 
pipe. When the blowing pressure is suddenly cut 
off, the doublet series of the wall-and-air-column 
acoustic system is excited and a beating series of 
tones is heard. During normal blowing, this 
doublet series is too weak to be heard. The 
doublet series, further, is less highly damped 
than the normal vibration of the blown system. 
Contrary to the experience of Lottermoser, in- 
crease of blowing pressure fails to elicit the beat- 
ing tones in the steady state. The beating effect 
under strong blowing, as described by Lotter- 
moser, is characteristic of slightly overblown flue 
pipes and is produced, as will be shown by the 
authors in a paper now in preparation, by beats 
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between members of a doublet or triplet series 
of partials. It is, therefore, possible that the 
result of Lottermoser was, in part, due to excess 
pressure and was not completely determined by 
resonance of the tube. 


EFFECT OF MATERIALS ON STEADY- 
STATE SPECTRUM 


In Figs. 2 and 3 is plotted the r.m.s. sound 
pressure in db (zero db equals 1 dyne per square 
centimeter at the measuring point previously 
described, 17 feet from the pipe under test) 
against harmonic number. To aid in presenting 
results, the points are joined by straight lines, 
although there is obviously no energy at fre- 
quencies other than the harmonic frequencies 
labeled. 

One striking result is the fact that 1st-har- 
monic amplitudes produced by all materials are 
nearly the same. The paper pipe has the lowest 
value, but it is only 1 db below the wooden pipe 
and 3 db below the steel pipe. Second, fourth, 
and extreme upper harmonics of the paper pipe 
are materially lower than for other materials, 
but harmonics of the paper pipe other than these 
are nearly as strong (less than 5 db difference) as 
those of the metal pipes. The wooden cylinder, 
instead of producing what some would anticipate 
as a ‘‘woody tone,” is virtually as strong in 
harmonic development as the metal cylinders. 
The common-metal (largely lead) exhibits the 
most intense lower harmonics, while the steel 
tube exhibits the most intense upper harmonics. 
The galvanized iron pipe is intermediate between 
steel and common-metal. However, maximum 
differences among these three are of the order 
of 3 db. 

For convenience, the spectrum may be divided 
into three groups: Group A—harmonics 1-7, 
inclusive ; Group B—harmonics 8-11, inclusive; 
Group C—harmonics above 11. 


Group A 


In Group A the common-metal pipe shows 
greatest harmonic development. It is surpassed 
by the wooden pipe on harmonic numbers 6 and 
7, by the heavy copper pipe on harmonic No. 6, 
and by the light copper pipe on harmonic No. 7. 
The differences, however, are very small. Galva- 
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nized iron is superior to steel, is substantially 

equal to heavy copper, and is superior to light 

copper. If copper is used by a manufacturer to 

secure higher harmonic development in Group A, 

it would seem that his efforts are not particularly 

fruitful. 
Arranging the cylinders in descending order of 

harmonic development in Group A gives the 

following tabulation : 

5. Steel, 

. Paper, 


1. Common pipe metal, 
2. Wood, 
3. Galvanized iron, . Medium copper, 


4. Heavy copper, . Light copper. 


Grour B 


In this group of harmonics, steel is supreme, 
except at the 9th, where wood excels and at the 
8th, where copper excels. The paper pipe is 
uniformly low in this group, although its de- 
ficiencies are less than 4 db except at the 11th. 
A rating, similar to that in Group A, gives: 


. Steel, 5. Medium copper, 
. Wood, 


1 

2 . Light copper, 
3. Heavy copper, 

4 


. Common-metal, 


. Galvanized iron, . Paper. 


Groupe C 


The order in this group would be: 


. Steel, 5. Heavy copper, 


. Medium copper, 6. Light copper, 
7. Common-metal, 


8. Paper. 


1 
2 
3. Galvanized iron, 
4 


. Wood, 


With the exception of the paper cylinder, it 
must be concluded that the material of the 
cylinder above the upper lip of a flue pipe has 
very little effect on the steady-state spectrum of 
the pipe. The amplitude deficiencies of the paper 
pipe are, in fact, not particularly great. Listening 
tests made on these pipes showed very small 
audible differences. It is, moreover, particularly 
shocking to hear a good diapason tone from a 
pipe with its cylinder made of wrapping paper. 

Grasping a thin-walled pipe and putting dents 
in a pipe both cause considerable reflection at 
the resulting discontinuity and a corresponding 
change in the acoustic impedance at the mouth. 
This change exhibits itself in marked changes in 
frequency and spectrum. Frequently, in practice, 
a pipe that is tending toward overblowing may 
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have its speech steadied by applying an external 
constraint at the proper point. 

The physical lengths of these pipes, to give 
the same frequency, are as follows: 


Steel 5 m, Heavy copper 


1Be 57.5 cm, 
Common-metal 57.7, Medium copper 57.5, 
Galvanized iron 57.7, Light copper $7.3, 
Wood 57.5, Paper 56.9 


These variations, although small, are in agree- 
ment with the general observations of Savart? 
and Richardson,’ but are much smaller than 
variations reported by Miller.? The small amount 
of frequency variation found indicates a minor 
effect of cylinder material on the reactive com- 
ponent of pipe impedance, even though the thin- 
walled cylinders exhibited large amplitudes of 
vibration in comparison with the thick-walled 
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cylinders. Thus, one would expect a minor 
effect of cylinder material on phase differences 
between emissions from mouth and top. Hence, 
since the amplitude differences at the observation 
point in the sound field were small, in most 
cases, particularly at the 2nd and 4th harmonics 
for which there is partial cancellation, it may be 
concluded (except for the paper pipe) that 
cylinder material has a negligible effect on 
generation and emission of sound at mouth and 
top of the flue pipe and that emission from the 
walls is probably small in comparison with that 
from mouth and top. Further studies of the paper 
pipe should reveal the exact cause of the low 
values of the 2nd and 4th harmonics, by making 
measurements on phase difference between mouth 
and top, emission amplitudes at mouth and top, 
and sidewall emission. 
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Problems in the Analysis of the Tone of an Open Organ Pipe 


Pau. A. NORTHROP 
Vassar College, Poughkeepsie, New York 


(Received May 20, 1940) 


HE object of this work was to find a method 

of measuring the partials of an open organ 
pipe which would yield results which were 
significant for the pipe as used in the organ. 
Preliminary measurements in the organ and in 
rooms which were partially sound absorbing 
indicated that complete acoustical treatment 
would be desirable. Accordingly a room originally 
15’X15’ X8’ was treated on the ceiling and side 
walls with six layers of flannel and ten layers of 
muslin after the manner developed by E. H. 
Bedell,! the whole structure being about 18” 
thick. The floor was treated with 8” of loose 
mineral wool above which were placed two 
layers of flannel and three of muslin. In an effort 
to reduce reflections still further, all surfaces 
were treated with an additional section con- 
sisting of cotton batting strips about 5’’ wide and 
8’’ long stuck into the meshes of wire netting so 
as to present an edge to the room. This last 
treatment made no noticeable improvement, 
possibly because the reflecting surfaces were thus 
brought closer to the pipe, and the free space was 
reduced to about 93’X93’x4}3’. In order to 
average out the effect of reflections the organ 
pipe and microphone were mounted on a bicycle 
wheel, which was rotated about an axis inclined 
at an angle of 40° with the vertical. Measure- 
ments of the intensities of the first five partials 
were made on a General Radio type 636-A 
analyzer, the sound being picked up by either a 
crystal or a ribbon microphone and then ampli- 
fied by an amplifier with a flat characteristic. 
As the system rotated, about 20 readings were 
made for each microphone position for each 
partial. The average values of these readings are 
shown the curves. These averages were 
immediately reproducible to about 2 percent but 
the over-all accuracy is probably of the order of 
10 percent. The pipe used was the C above 
middle C from the 15th great, a two-foot stop of 
diapason quality. This pipe which had neither 


in 


1E. H. Bedell, J. Acous. Soc. Am. 18, 118 (1936). 
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beard nor ears, was 11” long from the upper lip 
to the end and 1}” in diameter. 

Since radiation of sound energy from an open 
organ pipe occurs chiefly from the mouth and 
end it might be expected that these would act 
approximately as point sources, the relative 
phases of which would depend upon those of 
the standing wave at the mouth and end. 
A corresponding interference pattern would be 
expected in the surrounding space. The pressure 
nodes and antinodes for the first and second 
partials, according to the elementary theory of 
an open organ pipe, are indicated on the left of 
Fig. 1. For the first partial the motion of the air 
at the mouth and end is seen to be simultaneously 
either into or out of the pipe. As far as the effect 
outside the pipe is concerned these motions 
could thus be considered as being in phase. 
It is readily seen that a similar condition exists 
for the other odd partials. For the even partials, 
on the other hand, the air at a certain moment is 
either passing into the pipe through the mouth 
and out through the end or vice versa, thus 
being 180° out of phase as far as effects outside 
the pipe are concerned. As a consequence a 
maximum for the odd partials and a minimum 
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Fic. 1. Showing (left) pressure nodes and antinodes for an 
open pipe and (right) response to be expected for a ribbon 
(pressure gradient) microphone. 
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ANALYSIS OF OPEN 


for the even partials would be expected on the 
perpendicular bisector of the line joining mouth 
and end. On the axis of the pipe, both the odd 
and the even partials should be 180° out of 
phase, the odd partials because they start in 
phase but the paths differ by an odd number of 
half-wave-lengths, and the even partials because 
they start out of phase and the paths differ by 
an even number of half-wave-lengths. 

The experimental results using the pressure 
actuated crystal microphone are given in Fig. 2. 
The pipe is drawn to scale and in the correct 
position along the X axis. The curves marked 
“at 14 inches” and “‘at 40 inches”’ indicate that 
the microphone crystal was 135 inches and 40 
inches, respectively, from the body of the pipe. 
It will be seen that at 13 inches and at 40 inches 
all the partials show interference patterns the 
complexity of which increases as the wave- 
length decreases. Analysis shows that the ex- 
pected “‘maximum’’ for the first partial is con- 
cealed because of the wave-length (26’’) and 
distances involved. The minimum for the second 
partial and the maximum for the third fall near 


AT 40 INCHES 


AT | INCHES 





PRESSURE 








Vn lh | 
ok Oh ae 
8 t2 16 


) a ta) 4 - =< -— «= = 
DIS TANCE -incues DISTANCE -incres 





Fic. 2. Experimental results with pressure microphone. 


the perpendicular bisector which is indicated by 
the dotted line. The minimum for the fourth 
and the maximum for the fifth are seen to be 
further removed from it. The axial curves indi- 
cate a gradual decrease in intensity. 

In Fig. 3 are given the results of an attempt to 
calculate pressures at various points along the 
axis from values measured at distances of 13” 
from the mouth and end. This distance was 


chosen as being about as short as could be used 
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Fic. 3. Comparison of calculated and experimental results 
along the axis of the pipe (pressure microphone). 


without noticeably affecting the tone. It was 
later found that pressures measured at 1’’ were 
about 1.5 times those measured at 13’, as shown 
in Table I, thus indicating that the mouth and 
end were acting approximately like point sources 
even at distances which were comparable to the 
dimensions of the openings. Let M represent the 
pressure which would be measured at a distance 
of 1’ from the mouth, if it could be isolated from 
the end, and let N represent a similar quantity 
for the end. At a point A, Fig. 5, which is Ry 
inches from the mouth and Ry inches from the 
end the resultant pressure, P,4, is readily found 
to be 


M\? wy" 
roe((3) 
Ru Ry 


2MN 2a 
_——— cos| (RyRy) +9| 
d 


MANN 





in which X is the wave-length of the partial under 
consideration and 6 is the phase difference 
between the mouth and end. If Py and Py 
represent the measured pressures 14 inches in 
front of the mouth and axially from the end, 
respectively, and if 


2 
—(Rwy —_ Ry) +6 = 180°, 


M N N M 
P=——— and Py=—-—— 
1.5 12.8 1.5 12.8 


M=1.52P4+0.18Py 
N= 1.52Py+0.18P y. 
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The values measured for Py and Py are given in 
Table II. The listed values in Fig. 3 used for the 
calculations were found from the measured values 
of Table II by a method which was slightly 
different from that outlined above. As a matter 
of fact it is possible to obtain reasonably good 
fits for these curves with rather large variations 
in pairs of values, e.g. an excellent fit for the first 
partial is obtained by using M=9940 and 
N= 8620. 

In Fig. 4 the empirical values used in calcu- 
lating the solid curves for the effect when the 
microphone is 13’’ from the body of the pipe 
are smaller than those used for the axial curves of 
Fig. 3. Both sets of values are listed for com- 
parison. The points are the experimental values. 
It is seen that the fit is fairly good for the first, 
second and third partials but not satisfactory 
for the fourth and fifth. 

In Fig. 5 the solid curves are calculated and 
the points are experimental. The values in the 
column ‘Cal. if @=180°”’ come from the meas- 
ured values recorded in Table I. These values do 
not agree with those of Table II although the 
same pipe was used. This is probably because in 
the interval between the two measurements the 
pipe was returned to the organ, tuned and 
possibly revoiced. It is seen that these values 
produce a fair fit for the first, second and third 
partials. For the fourth and fifth partials em- 
pirical values which were calculated from the 
experimental curves are used for M and N. 
The phase differences indicated between the 
mouth and end are approximately those ex- 
pected from our simple reasoning for the first, 
second and third but depart from those expected 
by 107° (i.e., 180°—73°) for the fourth, and by 


TABLE I. Relation of pressures measured at 1"’ and 13" from 
the mouth and from the end of a pipe. 
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7550 | 6420 
7610 | 5300 
5930 | 4000 
6740/3890 
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422 222 
| 1100 606 
207 113 
463 250 
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Fic. 4. Comparison of the experimental and calculated 
results on a line parallel to the pipe at a distance of 1} 
(pressure microphone). 


164° for the fifth. Since the wave-length of the 
fundamental is about 26” the phase shift which 
is equivalent to 1” of path is about 14m°, in 
which 7 is the partial under consideration. The 
length of the pipe is 11’. The difference between 
its length and the length of the » segments of 
the mth partial in an ideal open pipe is thus 2”. 
This would correspond to a difference in phase in 
a free wave of 28n° which would be 112° for 
the fourth and 140° for the fifth, values which 
are comparable with those above. This same 
reasoning, however, would predict values of 28°, 
56°, and 84° for the first, second and _ third 
partials, respectively. In this connection it is 
interesting to observe the positions of the nodes 
and antinodes inside an organ pipe as observed 
by Koenig? and drawn by Jones.’ They indicate 


TABLE II. Measured values of pressure 13'' from the mouth 
and from the end, 





PARTIAL Py Py 
4730 4770 
3570 4180 
466 888 
222 713 
113 299 











2 Karl Rudolph Koenig, Wied. An. 13, 569 (1881). 
3A. T. Jones, Textbook on Sound (Van Nostrand, 160). 
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Fic. 5. Comparison of the experimental and calculated 
results on a line parallel to the pipe at a distance of 40” 
(pressure microphone). 


a pressure antinode instead of a pressure node 
for the upper partials near the mouth. 

It seems very doubtful whether much pre- 
dictive value should be expected from the simple 
standing wave theory when dealing with radia- 
tion of sound since the theory makes no provision 
for such radiation. According to this theory a 
microphone near the mouth or end should be 
in the pressure node of a pure standing wave 
whereas in practice the maximum readings are 
found at these points. It is, moreover, unlikely 
that the phase shifts observed can be intimately 
associated with a standing wave since the phase 
difference for any two particles of such a wave is 
always either 0° or 180°. There are other factors 
involved for which no correction has _ been 
attempted such as the asymmetry of the pipe 
and a probable directive effect from the mouth 
and end. In an experiment to test the latter a 
reed pipe was used of about the same dimensions 
as those of the open pipe but with radiation from 
the end only. It was found that the pressure 
measured when the microphone was at various 
distances from the end along a line 13” from 
the body of the pipe was less than that received 
at an equal distance along the axis, the average 
being 75 percent of the axial value for the first 
partial of about 276 cycles per second, and 83 
percent for both the second and third. 

Measurements were made with the ribbon 
microphone both on the axis of the pipe and on 
the perpendicular bisector. In the former case the 
plane of the ribbon was oriented at right angles 
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to the axis. On the perpendicular bisector, 
measurements were made with two orientations 
of the plane of the ribbon: (1) parallel to the pipe 
axis, the X position, (2) at right angles to the 
pipe axis, the Y position. Some results of these 
measurements as well as of those for the crystal 
microphone are shown in Table III. 

The percentages are found by totaling the 
pressure readings of the five partials in any 
location and finding the percentage of the total 
contributed by each. The results are thus not to 
be associated with the physical effects of the 
partials. The results were consistent for both 
microphones on the axis and for the ribbon 
microphone in the X position. Hence only the 
average for all distances in each of these positions 
is given. In the Y position there were systematic 
changes with distance and for this reason the 
percentages at the extreme positions are shown 
as well as the averages. 

The results of a derivation to predict the 
responses, Gx and Gy, of the ribbon microphone 
in the X and Y positions, respectively, are 
shown in Fig. 1. On the perpendicular bisector 
Ru =Ry=R; then for the odd partials if 6=0° 
and if L=pipe length 


Gx =(D/R*)(M+N) a maximum, 
Gy=(L/2R*)(M—N) a minimum. 


For the even partials it will be seen that if 


TABLE III. Relative percentages for crystal 
and ribbon microphones. 
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Fic. 6. Test of the extent to which Gx R?2/D and 2GyR?2/L 
along the perpendicular bisector are constant at various 
distances (ribbon microphone). 


5= 180° 


Gx = (D/R’*)(M-—N) 
Gy = (L/2R*)(M+N) 


a minimum, 
a maximum. 


By comparison of the X and Y percentages in 
Table III it will be seen that qualitatively these 
relative values exist for Y positions near the 
pipe, except for the fifth, but not for the more 
remote Y positions. 


If 6=constant~0 and Ru=Ry=R 
Gx? = (D*?/R*)(M?+ N?+2MN cos 5), 
Gy? = (L?/4R')(M?+ N?—2MN cos 4). 


Therefore 


GxR?/D=(M?+N?+2MN cos 6)!=a constant, 
2GyR?/L=(M?+ N?—2MN cos 5)'=a constant. 


The experimental values of the above are plotted 
for the first and second partials in Fig. 6. It will 
be noted that GxR?/D is reasonably constant for 
both partials but 2GyR?/L is not constant. This 
is also typical of the other partials. 


DISCUSSION 


This work indicates that there is no single 
point at which an analysis can be made which 
will be indicative of the practical performance of 
an open organ pipe, and that measurements close 
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to the mouth and end are of limited predictive 
value. In particular, points on the perpendicular 
bisector should be avoided although a ribbon 
type microphone in this location with the plane 
of the ribbon oriented to make an angle of 45° 
with the perpendicular might eliminate inter- 
ference effects. In this connection it is of interest 
to observe that in a number of analyses made 
by Boner, particularly those of the Geigen 
diapasons, Fig. 1, p. 34, the second partial is 
“down” and the third partial is ‘‘up”’ relative to 
the values which might be expected from the 
general contour of the lines. It is also noticeable 
in many more of Boner’s analyses that in 
different parts of the spectra consecutive partials 
are alternately high and low, an effect which 
might be due to microphone orientation since 
these measurements were made on the per- 
pendicular bisector. 

It seems possible that results which are con- 
sistent for different relative positions of the pipe 
and microphone may be obtained by slowly 
rotating them at different rates in a room with 
highly reflecting walls and taking readings as 
rapidly as possible. This experiment is now 
under way. The average value of such readings 
should be relatively free of standing wave 
pattern effects due to either the pipe or the 
room. An earlier attempt to accomplish this by 
moving only the microphone and taking readings 
on a long period galvanometer failed because the 
frequency band due to the Doppler effect was 
greater than the width of the selectivity curve of 
the very selective analyzer used. This too great 
selectivity also makes it difficult to measure 
upper partials with accuracy even though the 
tone of the pipe is reasonably steady, for the 
analyzer selectivity is the same at all frequencies 
whereas the variation in frequency of the upper 
partials is proportional to the frequency. 

The writer wishes to acknowledge the assist- 
of Professor E. Harold Geer, 
collaborating on a related problem shared much 
work which has proved valuable in the present 
investigation. 
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‘C. P. Boner, J. Acous. Soc. Am. 10, 32 (1°38). 
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Starting Characteristics of Speech Sounds! 


R. O. DREW AND E. W. KELLOGG 
RCA Manufacturing Company, Inc., Camden, New Jersey 
(Received February 15, 1940) 


In view of its bearing on the design of ground noise 
reduction systems, a study was undertaken, to determine 
how sudden or rapid are the increases in amplitude of the 
speech sounds that must be recorded in dialogue. A large 
number of oscillograms were taken, a number of which 
are reproduced herewith. The most important observation 
is that the human voice can start several of the vowel 
sounds in such a way that the first wave is from 40 to 80 
percent of the final amplitude, or in other words with a 


HERE are several types of apparatus which 

operate in response to the presence or the 
amplitude of an audiofrequency voltage or 
current. Telephone companies employ such 
devices for switching purposes, and automatic 
volume controls are used in radio broadcasting 
and in sound recording. If the sound is recorded 
on film, an arrangement is employed known as 
a “‘ground-noise reduction system,” which con- 
trols the recording light in accordance with the 
amplitude of the audiowaves. In the case of 
“variable area’ recording, a masking device or 
“shutter’’ moves a vane, the shadow of which on 
the film should at all times just clear the tops of 
the waves being recorded. 

The current for operating these devices is 
derived from rectified audiofrequency currents, 
and it is necessary, in order to prevent disturbing 
noises, that the rectified current be filtered, which 
is just another way of saying that the operating 
current is not permitted to make sudden jumps 
in value. Thus there is a limit to how closely the 
operating current can follow fluctuations in 
amplitude of the audiofrequency current. Failure 
of the operating current to fall quickly when 
there is a decrease in amplitude does not in 
general have any objectionable results, but failure 
to rise promptly when the audiofrequency am- 
plitude increases causes distortion. In the case 
of an automatic volume control or ‘‘compressor,”’ 
the initial waves are not cut down in amplitude 
as much as those immediately following, and an 
unnatural effect may result. If the compressor is 


' Republished from J. Soc. Mot. Pic. Eng. 34, 43 (1940), 
by permission. 


suddenness comparable to that of keying an oscillator, 
but this is rare, being for all practical purposes confined to 
a few of the more open vowel sounds, when not preceded 
by any consonant, and only true of certain individuals, 
and depending on the manner of releasing the breath. Pro- 
gressive build-up at rates which would carry the modula- 
tion from zero to 100 percent in 0.05 second are frequent, 
while the great majority of syllables start more gradually 
than this. 


depended upon to prevent overloading, it may 
fail to act quickly enough, with a resulting 
quality loss, or a wax record may be overcut and 
ruined. In the case of ground noise reduction 
systems as applied to photographic sound record- 
ing, too slow opening of the masking device 
causes clipping of the tops of the initial waves. 
The industry has tolerated these faults, and 
efforts have been made to minimize them, but 
they are still with us. 

Obviously if the audiowaves increase in am- 
plitude only gradually, the small time lag in 
response of the control current will have neg- 
ligible effect. In other words, it will, throughout 
the crescendo, have very nearly the value that 
it should have in view of the amplitude of the 
audiowaves at that instant. The more rapid the 
increase in audioamplitude, the farther will the 
control current fall below the desired value. This 
is illustrated in Fig. 1. 

Ground noise reduction systems are designed 
to provide a margin of excess opening, in the 
form of an initial opening, which is maintained 
éven when the audiofrequency modulation is 
zero, and in addition, a margin of excess gain is 
provided, which in the steady state causes the 
masking to clear the tops of the waves by a 
generous percentage. It is these margins which 
protect the system from continued overloading, 
or clipping at almost every beginning of a word 
or svilable, but on the other hand large margins 
defeat the purpose of the ground noise reduction 
system. 

A number of expedients have been proposed 
for speeding up the action of ground noise 
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reduction systems. All of these involve more or 
less complication, and no matter how fast the 
system may be made (within practical limits) 
there is always a possible rate of build up of the 
audiofrequency waves, such that the margin 
will be insufficient to prevent clipping. It is, 
therefore, pertinent to ask, ‘‘What is the steepest 
rate of build-up that will normally be encountered 
in sound recording ?’’—and secondly, ‘‘How often 
will these very rapid build-ups occur?’ The 
studies of which this paper is a report, were 
undertaken for the purpose of answering the 
first question and extended in the hope of throw- 
ing some light on the second. 

It is well known that when there is consider- 
able reverberation, maximum amplitude is not 
reached until after an appreciable interval after 
the start of the original sound. Since music is 
recorded in fairly ‘‘live’’ enclosures, it may be 
assumed that rates of build-up rapid enough to 
cause difficulties will not often be encountered 
in music recording. In ‘‘sound effects’? almost 
anything might be expected, and it hardly seems 
reasonable to attempt to anticipate what 
demands may be imposed on recording systems. 
It is probable that at least in the case of the 
louder sounds, more or less reverberation may, 
in general, be looked for. The major part of 
sound-on-film recordings is talk, and is recorded 
in fairly dead surroundings. Thus the most im- 
portant part of the problem is concerned with 
how speech sounds start. An obvious approach 
would be to examine a large amount of recorded 
dialogue. Such a study, if carried out on an 
adequate scale, affords the best answer to the 
question of frequency of occurrence of very 
sudden beginnings. Of more scientific and general 
interest, however, is a study in which all of the 
sounds examined are identified, and several 
voices are used for each sound. 

The method chosen consisted in producing a 
trace of the wave shape on a cathode-ray oscil- 
lograph and photographing the screen with a 
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film pack camera. Three oscillograms could be 
photographed on each film. Mr. S. Read, Jr, 
proposed and worked out for us an arrangement 
for controlling the sweep of the cathode-ray 
beam, which turned out to be very useful. When 
the circuit is set for an oscillogram, the beam js 
just off the screen on the left. Pressing a key 
releases the sweep and the spot travels at a very 
slow rate, of the order of an inch in three seconds, 
An extremely small audiofrequency disturbance 
serves to trip a thyratron which suddenly changes 
the bias on the grid of a pentode through which 
a condenser is discharged and the sweep then 
proceeds at a speed of 10 inches per second. The 
speaker watches the screen and upon seeing the 
spot crawl out onto the screen, makes the desired 
sound, which sound is recorded at the full sweep 
velocity. No waves can be lost by this method, 
although conceivably, if the release were not 
quick enough, the first waves might be com- 
pressed on the time scale. The release time is of 
the order of a few microseconds and the oscil- 
lograms do not show any evidence of failure to 
record all of the sounds. The slow travel of the 
light spot causes the first part of the trace to 
appear very heavy, due to spread of exposure in 
the film. In several of the sounds, a period of very 
low modulation (too small to appear on the 
oscillogram) is indicated by the sudden narrow- 
ing of the horizontal trace. The beam became 
slightly defocused toward the edge of the screen 
so that detail is lost here in the oscillograms, but 
this did not defeat the purpose of showing the 
starting characteristics. We are concerned pri- 
marily with the envelope of the wave, so no 
effort was made to correct the defocusing. Con- 
sideration was given at first to showing only the 
envelope rather than a true oscillogram, but this 
would fail to show some factors which might 
turn out to be of concern. For example, if a 
rapidly rising envelope is produced by com- 
paratively few waves, the action on the rectifier 
will be materially different from the case in 
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which the envelope widens at the same rate, but 
there are shorter intervals between the peaks. It 
will be noticed, for example, that the oscillograms 
by E.K. show a remarkably wide spacing between 
sharp peaks, although the voice fundamental in 
this case was not much lower than that of others. 
This was, at first, attributed to some error in the 
speed of the sweep, but further tests showed the 
same characteristic. If there was any departure 
from the correct speed during any of the tests, 
it was small enough to be of no significance. 
Figure 2 shows a number of the oscillograms. 
Those who have tried photographing cathode-ray 
oscillograms will understand the difficulty of 
getting a picture which is entirely satisfactory 
for copying by a halftone process. Although our 
oscillograms were entirely legible, we feared that 
many of them would not make satisfactory en- 
gravings. Some of the peaks, for example, were 
so faint that they might be lost. We decided that 
a tracing, with a dot at each peak, would show 
about everything that had an important bearing 
on the present study. Therefore, we had a set of 
such tracings made, and are depending on these 
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to show the growth characteristics of the various 
sounds. Fig. 2(a) shows the tracing corresponding 
to each of the oscillograms of Fig. 2. In the trac- 
ings the end of the heavy line indicates where the 
circuit tripped and the spot moved at full 
velocity. Dots substantially along the axis before 
the main sound indicate the existence of a small 
preliminary modulation, as for example, a con- 
sonant. It is obviously impossible as well as 
unimportant for our purpose, to show the exact 
amplitude or wave peak positions in this low 
modulation. The entire set of tracings is shown 
in Fig. 3. 

The speaker faced the ribbon microphone at 
about two feet distance in a heavily damped 
room. Before making the oscillograms here 
shown, the effect of varying the distance from 
the speaker to the microphone was tried. No 
significant change was noted. Tests were made 
also with the microphone from three to four feet 
from the speaker and a reflecting surface about 
the same distance beyond the microphone. This 
was for the purpose of answering the question 
whether such echoes as come from the walls of a 
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motion picture set would materially alter the 
story of how rapidly sounds start. It is assumed 
that the set would be so constructed that there 
would be a negligible amount of multiple reflec- 
tion. The effect of the single echo produced as 
described above was, as might be anticipated, 
quite small and in no wise prevented the sounds 
from building up to a large fraction of their final 
amplitude, substantially as quickly as without 
the reflection. 

As has already been indicated, there was doubt 
in the minds of the writers whether the human 
voice mechanism is capable of building up sounds 
so rapidly as to reach substantially full ampli- 
tude in one or two cycles. Since a number of 
resonators are involved, it might be expected 
that the voice would have the characteristic 
which is usual in oscillators; namely, that a con- 
siderable number of cycles is required to reach 
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full amplitude. This depends on the ratio of 
feedback to damping and the writers had little 
knowledge of these factors. It did not take many 
tests to show that it is quite possible to reach 
practically full amplitude even on the first wave. 
Therefore cases will occur in which clipping of 
the first wave cannot be avoided by a ground 
noise system of any speed within the range of 
practical application for ground noise reduction. 
Such clippings must thus be tolerated unless an 
anticipation system can be employed. 

The next question is, how often will this very 
sudden burst of sound be encountered. We had 
hoped that our studies would give some indica- 
tion on this point, but soon discovered that this 
would be a statistical matter not readily subject 
to direct experiment. Therefore this phase of the 
problem must be deferred, and we confine our- 
selves to an examination of the relative tendency 
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of various word sounds to produce these rapid 
crescendos and to study the nature of the increase 
in amplitude. 

The oscillograms may be classified into: 

(1) Those which increase gradually from zero to sub- 
stantially full amplitude. 

(2) Those which increase in the same continuous manner 
but more rapidly. 

(3) Those which jump suddenly to an appreciable frac- 
tion of maximum amplitude and thereafter rise slowly. 

(4) Those which follow the initial jump by a more rapid 
increase to full amplitude. 

(5) Those which show fifty percent or more of the 
maximum amplitude on the first or perhaps the second 
wave, thus giving an envelope with a large shoulder. 

There may also be, in combination with any 
of the sounds described above, a preliminary 
modulation of low amplitude, ordinarily the 
result of some consonant sounds preceding the 
vowel. This preliminary low amplitude modula- 
tion is an important factor in design of ground 
noise reduction systems, in that it can be used 
to start the shutter opening, and this will ma- 
terially reduce the likelihood of clipping the 
larger amplitude waves. 


lic. 3(e and f). 
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Inspection of the oscillograms shows that the 
starting characteristic is far more dependent on 
the person talking than on the specific word 
sound. For example, R.D. produced shoulder 
type starts on a very large fraction of the sounds, 
while H.B. produced only one. Neither are suc- 
cessive utterances of what is supposed to be the 
same vowel sound consistently the same in 
envelope nature when spoken by the same 
person. 

The gain in the system is substantially con- 
stant throughout the series, so that the dif- 
ferences in final amplitude are almost entirely a 
question of how loud the person talked. If a 
person talked consistently, a fair comparison 
could be made between the amplitudes which 
are likely to appear in various vowel sounds. The 
larger amplitudes are produced only by the 
vowel sounds. Most consonants are relatively 
very weak, the semi-vowels, or sustained con- 
sonant sounds; J, m, n, 2, 7, give considerably 
larger amplitudes than most other consonants, 
but are still far below the vowels. “‘R”’ is inter- 
mediate. On rare occasions ‘“‘s’’ may produce 
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large amplitudes, particularly if high frequencies 
are exaggerated for recordings, as is frequently 
done, but such high amplitude s sounds are suf- 
ficiently rare as to be of no practical importance 
for the main purpose of this study. An extensive 
study of the subject of speech power and energy 


TABLE I. Relative power and peak factors in vowels. 

















MALE VOICES FEMALE VOICES 

SPEECH PEAK PEAK 

SOUNDS POWER FACTOR POWER FACTOR 
00 (Tool) 27 2.6 41 2.8 
OO (Hood) 33 4.0 40 3.1 
O (Oh) 33 4.1 44 3.4 
Awe 37 4.5 50 3.3 
Up 29 4.6 38 3.9 
Ah 50 4.2 48 3.6 
Add 44 5.4 39 4.7 
e 26 5.6 31 3.8 
A 22 5.3 30 4.5 
i 25 4.1 32 3.8 
é 23 «| «(47 23 2.6 
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has been made by C. F. Sacia.? The figures given 
in Table I on vowel sounds are taken from Dr. 
Sacia’s paper. 

In Fig. 3 the vowel sounds have been arranged 
roughly in order of the successive mouth positions 
from wide open to nearly closed. This is likewise 
substantially the order which they would take if 
arranged in order of decreasing tendency to 
produce large amplitude. Abrupt starts or 
‘shoulder type’”’ envelopes are somewhat more 
common in the open vowels. 

We had rather expected that preceding a vowel 
by one of the explosive consonants; p, t, k, would 
be especially likely to produce an abrupt start. 
This is not the case. It appears that the likelihood 
of large shoulders in sounds beginning with , c 
and ¢, is about the same as for the corresponding 
vowel sounds when not preceded by any con- 
sonant. The most sudden attack seems to be 


2C. F. Sacia, ‘‘Speech powers and energy,” 
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produced by building up some air pressure in the 
lungs with the epiglottis closed, and releasing this 
suddenly, which has the effect of beginning the 
sound with something like a grunt. This is widely 
done in greater or less degree and is probably a 
characteristic of the individual. It can, of course, 
be done with any vowel. It probably has some- 
thing to do with whether the person has the 
habit of talking with the throat relaxed, or under 
certain amount of tension, but in the cases of 
one or two speakers, deliberate effort to control 
the type of start had very little effect. It should 
be remarked, that whatever habits of voice 
control the speakers may have had, the tendency 
to produce shoulder type starts is not associated 
with any observable hardness of voice or any 
jerky quality, such as might perhaps have been 
expected. Only one woman’s voice is represented, 
the oscillograms marked ‘‘AM.”’ All the rest are 
of men’s voices. Preceding the vowel by almost 
any consonant has the effect of promoting a 
gradual beginning. The consonant not only 
provides an initial or warning low amplitude 
modulation, but is conducive to a more gradual 
build-up in the vowel sound itself. 
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In some preliminary observations, it appeared 
that the amount of shoulder was little affected 
by whether the sound was accented or not, the 
main effect of accent being to cause the vowel to 
continue its crescendo to a higher final value. 
Oscillograms taken subsequently in which the 
same sound was spoken successively without and 
with accent, did not altogether bear out this 
observation, the principal effect of accent being 
to raise the amplitude throughout the whole 
range or in other words, magnify the envelope in 
the vertical direction. The accent comparisons 
are shown in the last two groups of Fig. 3. 

One of the interesting things to be observed in 
these oscillograms is the consistency with which 
upward deflections exceed the downward deflec- 
tions, whenever there is any difference. That this 
was not due to any distortion in the equipment 
is proved by simply turning the microphone 180°. 
In Fig. 4 all of the oscillograms (with the ex- 
ceptions of Nos. 181 and 183) made with the 
microphone in the regular position are shown 
above, and just below each of these is an oscil- 
logram made immediately afterward, with the 
microphone reversed. This characteristic of 
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speech sounds was pointed out by S. Read, Jr., 
in connection with his discussion of the ‘‘Neon 
Volume Indicator’’*® and its applications, and 
has recently been discussed by J. L. Hathaway.‘ 
It has further been observed by Mr. Read and 
other engineers in the RCA laboratories that if 
clipping does occur, it is less objectionable when 
it is the short peaks that are clipped than if the 
high peaks are clipped. 

Both of these facts are important factors in 
ground noise reduction systems. If the ground 
noise reduction system is designed to work on the 
negative half-waves, not only is less shutter 
movement (or its equivalent) needed to avoid 
clipping, but the damage to quality if clipping 
occurs is less serious than if the opposite polarity 
is used. 

Such observations and generalizations as we 
have so far reported, apply to both the pressure 
and rarifaction halves of the waves. In general 
the positive and negative envelopes are of about 


3S. Read, Jr., ‘A neon type volume indicator,’’ J. Soc. 
Mot. Pict. Eng. 28, 633 (1937). 

4]. L. Hathaway, ‘‘Microphone polarity and overmodu- 
lation,”’ Electronics, p. 28 (October, 1939). 


the same shape (as if the same curve were simply 
plotted to a different scale). When there is any 
difference at all in shape, it is almost without 
exception in the direction of slower build-up for 
the negative half-waves. A difference in shape 
which appears in a considerable number of cases 
is that the negative build-up is delayed with 
respect to the positive, as for example oscil- 
lograms Nos. 57, 39, 5, 22, of the ‘‘U”’ and “‘Y”’ 
sounds. When a sound of this type is produced, 
the ground noise system so designed that it only 
has to clear the negative peaks, is given the 
benefit of a warning modulation of small ampli- 
tude, before the major increase begins. 

One conclusion that can be drawn from the 
fact that so many sounds can begin suddenly, is 
that the human vocal cords are not like a cornet, 
where a return wave from an air-column would 
control the vocal cords and thereby establish 
when the next pulse comes. If a strong resonance 
of some kind were involved, such sudden begin- 
nings would not be possible. The voice mecha- 
nism seems more like a relaxation oscillator that 
does not carry over any energy from one cycle 
to the next. 
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INTRODUCTION 


HE use of audiometers for various applied 

and scientific purposes has undergone rapid 
expansion during the past 15 years. Although 
many different types of audiometer are available 
commercially, most of them are patterned after 
the characteristics of the Western Electric 2-A 
audiometer, at least in the following respects: 
(a) they supply a source of approximately pure 
tones, spaced at octave intervals from 64 or 
128 cycles per second to 8192 cycles per second; 
and (b) they are equipped with attenuator units 
constructed to give 5 decibel steps of attenuation 
on each frequency, with the zero setting adjusted 
to give a tone that is barely audible to normal 
ears in a reasonably quiet environment. The 
general theory upon which the use of audiometers 
is based is that at least a practically useful 
estimate of an individual’s hearing ability can 
be achieved by measuring the threshold acuity 
of hearing at discretely separated points of the 
audible frequency range of sounds. In practice, 
this assumption has been found to be essentially 
correct. 

The regions of the audible frequency range 
which should be measured vary considerably with 
the purpose for which hearing tests are conducted. 
In medical diagnostic work, where the purpose is 
to relate the results of hearing tests to the ana- 
tomic and physiologic factors involved in hearing, 
it is considered usually that measurements should 
be carried out at all octave (or sometimes semi- 
octave) intervals from 64 cycles up to 8192, or 
even 16,384 cycles. This view is based upon the 
knowledge that different types of lesion in the 
middle and inner ear, as well as lesions of the 
afferent and central neural elements involved in 
hearing, and pathologic changes in the Eusta- 
chian tube and nasopharynx, influence the 
acuity of hearing for various tones in different 
ways. On the other hand, if the purpose of 
hearing tests is to arrive at an approximate 


* From the Division of Public Health Methods, National 
Institute of Health, United States Public Health Service. 


estimate of the person’s ability to hear speech, 
this can be accomplished with a high degree of 
accuracy by measuring the threshold acuity for 
only two tones, for example, 1000 and 3000 cycles, 

During recent years there has been a growing 
recognition of the desirability of using pure tone 
tests for screening purposes in the public schools 
rather than a phonograph audiometer type of 
test which employs spoken numbers. This 
recognition is based upon the newer point of 
view that testing programs in the public schools 
should fulfill two purposes: (a) to discover 
children whose hearing is impaired for speech, 
so that adjustments in their education can be 
accomplished; and (b) to discover children 
whose hearing is impaired for speech and/or 
high tones and who can be relieved, through 
proper medical care, of present and future 
hearing risks. The discovery of these cases 
depends upon the kind of hearing test that is 
used, as well as upon the care with which the 
test is conducted. The proper selection of tones 
which should be employed in these tests for 
screening purposes depends upon a knowledge 
of the fundamental way in which hearing losses 
for tones of different frequency occur in relation 
to both specific types of pathology referred to 
above, as well as upon basic principles of 
auditory function. 


PURPOSE OF STUDIES ON CORRELATION 


One way of arriving at an answer to the 
question as to what tones should be used for 
screening tests is to examine data which represent 
results of hearing tests on a wide variety of ears, 
with both normal and impaired hearing and for 
persons who present a diversified sample in 
respect to aural and nasopharyngeal pathology. 
After determining the nature of correlation 
between degrees of hearing loss on the various 
tones distributed throughout the audible fre- 
quency range, a selection can be made in terms 
of the degrees of correlation shown. It is not 
necessary, of course, to include in a test several 
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different tones on which hearing loss measure- 
ments show linear regression and high correla- 
tion. On the other hand, in regions of the audio- 
frequency range where hearing loss measure- 
ments show very low correlation on various 
tones, more tones at smaller frequency intervals 
should be employed in the tests. 

In a series of studies, of which this report is 
the first, the writer will present an analysis 
showing the nature of correlation between 
hearing loss measurements by both air and bone 
conduction. It is thought that such data, treated 
by correlation analysis methods, will be useful 
not only in connection with the problem of 
audiometer design, but will provide also data 
which will throw some light on the fundamental 
problems of auditory function. 


MATERIALS OF THE PRESENT STUDY 


This report is based upon an analysis of 56 
correlation tables which were derived from 
measurements of auditory acuity by air con- 
duction on 16,620 ears.'! Tests were made for all 
tones provided by Western Electric 2-A audi- 
ometers. Subjects, ranging in age from 8 to 90 
years, were widely diversified in respect to degree 
of impairment for hearing speech and also in 
regard to condition of the middle ear and 
nasopharynx.’ 

Tables were set up for each possible combina- 
tion of tones in the group of eight, giving 28 
tables for males and 28 for females. The arith- 
metic mean of each frequency distribution on the 
independent variable tone was calculated at each 
5-decibel step of the dependent variable tone. In 
other words, the arithmetic mean of each row 
and column of the correlation table was calcu- 
lated. These arithmetic means were employed in 
plotting the curves illustrated in Figs. 1 to 5. 
The curves which result from connecting the 
points representing these arithmetic means are 


1 For a detailed description of the technique of this study 
see Willis C. Beasley, ‘‘Significance, scope and method of a 
clinical investigation of hearing in the general population,” 
National Health Survey, Preliminary Reports, Hearing 
Study Series, No. 1. U. S. Public Health Service, Washing- 
ton, D. C., 1938. 

? Cf., Willis C. Beasley, ‘‘Prevalence of aural pathology 
and clinical history of impaired hearing among males and 
females of various ages,’’ National Health Survey, Pre- 
liminary Reports, Hearing Study Series, No. 3. U. S. 
Public Health Service, Washington, D. C., 1938. 


referred to as regression curves. In each figure 
the coordinate axes are labeled showing which 
pair of tones is involved. The legend at the top 
of each set of figures enables the reader to identify 
the direction in which means were computed. 
The R, curves give the average hearing loss on 
the X axis tone at each 5-decibel step of the Y 
axis tone. Conversely, the R, curves give the 
average hearing loss on the Y axis tone at each 
5-decibel step of the X axis tone. A different set 
of symbols is used for males and females for each 
pair of tones on each individual graph. R, and R, 
curves are plotted for both males and females. 
In addition to the regression curves, the data 
in Tables I and II indicate the hearing loss range, 
in decibels, within which 80 percent of the 
measurements (10- to 90-centile range) on the 
independent variable tone are distributed at 
specified 5-decibel steps of hearing loss on the 
reference tone. A summary of the data in Tables 


I and II is given in Table III. 


INTERPRETATION OF THE REGRESSION CURVES 


A glance through the curves in Figs. 1 to 5 
indicates that there is considerable variation in 
the form of individual curves, as well as in the 
extent to which each pair of R, and R, curves 
diverge from each other. Because of these two 
variations, comparisons cannot be made in the 
trends for various combinations of tones by 
means of correlation coefficients since the regres- 
sion lines are not uniformly linear. Consequently, 
it is thought that the graphic presentation sup- 
plemented by the data in Tables I and II will 
serve adequately as a basis for interpreting the 
correlation trends. 

In general, the following principles can be used 
in interpreting the trends illustrated by the 
regression curves: (a) When all the means for 
either R, or R, curves fall in a straight line, 
regression is linear; (b) when a pair of R, and R, 
curves is superimposed, and whether linear or 
curvilinear in form, correlation is very high and 
the two variables are related in the sense of a 
mathematical function; (c) regardless of whether 
the R, and R. curves are linear or curvilinear, the 
more widely they diverge from each other the 
lower is the correlation and the greater is the 
dispersion of measurements in the two directions 
of the correlation table. 
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TABLE I. Scale range in decibels within which 80 percent of measurements (10- to 90-centile range) on independent variable 
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tone are distributed at specified levels of reference tone (7464 ears: males). 
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TABLE II. Scale range in decibels within which 80 percent of measurements (10- to 90-centile range) on 
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TABLE III. Summary of Tables I and II, showing number and percentage distribution of instances in which 80 percent of 
measurements on paired tones fall within scale limits indicated (both sexes: 16,620 ears). 
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* Due to concentration at audiometer scale limits, 


By applying these principles to an interpreta- 
tion of the graphs and to the data given in 
Tables I and II, an interpretation as to relative 
degrees of correlation between hearing loss 
measurements on the various tones can be made 
readily. All combinations of the following tones 
give linear regression, extremely high correlation, 
and very small dispersion: 64, 128, 256 and 512 
cycles (Figs. 1A, 1B, 1C, 2A, 2B and 3A). As 
indicated in Tables I and II, the 10- to 90- 
centile range for the distributions of the inde- 
pendent variable tone for all combinations of 
these four frequencies is included in the majority 
of cases within a scale range +10 db in either 
direction from the median of each distribution. 
It would appear that for either clinical or screen- 
ing purposes, any one of these four tones could 
be used with equal predictive value as to the 
acuity of hearing in this range of the audio- 
frequency scale. 

For all combinations of tones higher in the 
frequency range than 512 cycles, there is lower 
correlation and wider dispersion indicated. The 
degree of correlation is inversely proportional to 
the extent of separation of a pair of tones on the 
frequency scale for tones above 512 cycles (com- 
pare Figs. 5A and 5B). This observation holds 
also for combinations of tones below 512 cycles 
with those above 512 cycles. 





Either the 1024- or 2048-cycle tone is probably 
equally important in estimating impairment for 
hearing speech sounds. The nature of correlation 
between the hearing losses on these two tones 
differs somewhat for males and females. The 
pair of R, and R, curves for females (Fig. 5A) 
shows practically linear regression and high cor- 
relation. The pair for males, however, is curvi- 
linear and correlation is lower. This means that 
there is little preference between these two tones 
in measuring females; but in measuring males, 
2048 cycles would be more indicative than 1024 
cycles. There is a similar difference between the 
sexes for 2048 and 4096 cycles as well as for 1024 
and 4096 cycles. This reflects a basic difference 
in the way hearing loss proceeds in males and 
females. Females, as the writer has shown else- 
where,* tend to have more uniform loss of hearing 
for all tones at all levels of impairment than 
males. These curves indicate also that there is 
greater variability among males in respect to the 
slope of their audiograms. Numerous other sig- 
nificant relationships can be observed in these 
trends by study of the graphs. 


3 National Health Survey, Preliminary Reports, Hearing 
Study Series, U. S. Public Health Service, Washington, 
D. C., 1938. No. 6: ‘‘Sex differences and age variations 
in hearing loss in relation to stage of deafness.’’ No. 7: 
“Generalized age and sex trends in hearing loss.”’ 
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The summary given in Table III provides a 
basis for comparing the spreads in the distribu- 
tions of measurements on the independent vari- 
able tone. It is shown, for example, that in 100 
percent of the distributions of measurements on 
64 and 128 cycles, 80 percent of the measure- 
ments fall within a scale range of 20 decibels. As 
one progresses across the table fron: combina- 
tions of low frequencies to higher frequencies, it 
is noted that the occurrence of wide dispersion 
is more frequent. This change first becomes 
prominent for the combination 512 and 1024, and 
increases in degree for all pairs above 512 cycles, 
an observation which agrees with the trends 
indicated by the regression curves. 


SUMMARY 


(1) Correlation between hearing losses by air 
conduction is extremely high and regression is 


linear for the four tones 64, 128, 256 and 512 
cycles. For both screening and clinical types of 
audiometers, any one of these four tones will 
provide approximately equal predictive value as 
to acuity of hearing throughout this range. For 
greater simplicity of audiometer design, a tone 
near 500 cycles is preferable. 

(2) Correlation between hearing losses on 1024 
and 2048 cycles is higher for females than for 
males. Since either tone is about equally pre- 
dictive of the ability to hear speech, a tone in the 
region of 2000 cycles is preferable. 

(3) Correlation is lower, dispersion is greater, 
and regression more irregularly curvilinear for 
hearing losses on pairs of tones higher in fre- 
quency level than 1024 cycles, than for lower 
tones. Consequently, in hearing tests designed to 
discover early stages of high tone loss, more than 
two tones should be provided at levels above 
2048 cycles. 
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INTRODUCTION 


HE amount and distribution of impaired 

hearing in the population generally is of 
considerable interest to acoustical engineers and 
to others whose professional and practical en- 
deavors involve a consideration of problems in 
transmission of articulate speech by electrical 
and other artificial mediums. The means for col- 
lecting the type of systematic information that 
is required for a reliable estimate as to the 
amount of deafness in the population are not 
readily available. Enumeration of partial and 
gross impairments of hearing in the whole 
population has not seemed feasible to the 
Bureau of the Census because of the necessary 
limitations on the number of items which can be 
included in the general population schedule. 
Moreover, many other kinds of information 
about individuals in our society would undoubt- 
edly take precedence over hearing impairments 
in case extension of the population schedules 
were authorized. Thus, the most comprehensive 
facility for an intensive and adequate collection 
of data on impaired hearing in the entire popu- 
lation is blocked. 


THE NATIONAL HEALTH SURVEY 


During the years 1935 and 1936, the United 
States Public Health Service conducted a nation- 
wide investigation into the state of the nation’s 
health. The data obtained included information 
about current illnesses, sickness of all forms 
which had occurred during a one-year period 
prior to the day of the enumerator’s visit to the 
household, chronic diseases and physical impair- 
ments. Among the physical impairments, im- 
paired hearing was included as a routine schedule 
item. Enumerators, who had been trained 
thoroughly in the task of interviewing, secured 
information on the condition of hearing for each 


* From the Division of Public Health Methods, National 
Institute of Health, U, S, Public Health Service. 
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member of a household on the basis of replies to 
a standard series of questions. Each enumerator 
then classified the type of impairment in one of 
the following five groups. 

(1) Partial deafness, stage 1: The individual 
has difficulty in understanding speech in church, 
at the theater or in group conversation, but can 
hear speech at close range without any artificial 
assistance. 

(2) Partial deafness, stage 2: The individual 
has difficulty hearing direct conversation at close 
range, but can hear over the telephone satis- 
factorily or can hear loudly spoken speech. 

(3) Partial deafness, stage 3: The individual 
has difficulty hearing over the telephone at 
ordinary intensities, but can hear amplified 
speech by means of hearing aids, trumpets, or 
other means of amplification. 

(4) Total deafness for speech: The individual 
cannot hear speech under any circumstances, but 
acquired the hearing defect after learning to 
speak language by ordinary means. 

(5) Deaf-mute: The individual was born deaf 
or acquired severe deafness sufficiently early in 
life to prevent him from learning speech through 
the usual means. 

All persons who were not designated as having 
a hearing impairment in accordance with one of 
these five classifications became characterized in 
the final analysis as having normal hearing. 


CHARACTERISTICS OF THE SAMPLE 


In evaluating the representativeness of the 
data which are to be presented in this and sub- 
sequent reports, it is necessary to consider the 
procedure employed in determining the original 
Health Survey population sample. In the first 
place, the population upon which this report is 
based is entirely urban. There are good theo- 
retical reasons for supposing, but no convincing 
evidence, that the prevalence and character of 
impaired hearing differ significantly for rural and 
urban populations. For purposes of sampling, 
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the country was divided into four geographic 
areas, as follows: 


Area Stales 
East Massachusetts, New Jersey, New York, Penn- 
sylvania 
Central Illinois, Michigan, Minnesota, Missouri, Ohio 
South Alabama, Georgia, Louisiana, Texas, Virginia 
West California, Oregon, Utah, Washington 


The total population and number of cities, ac- 
cording to size, based on the United States 
census of 1930 are shown in Table I. Other 
characteristics of the population sample, such as 
age and sex, color and income distribution, will 
be revealed in subsequent tables. 

Sampling procedures were employed in the 31 
cities in which the population exceeded 100,000 
inhabitants. The sampling ratios varied in these 
cities from } to 3';. In a few instances cities with 
less than 100,000 population were sampled, with 
the ratio 3. Other cities and towns were enu- 
merated 100 percent. 

In the Health Survey population sample there 
were altogether 2,502,391 persons, of whom 
1,201,992 (48 percent) were male and 1,300,399 
(52 percent) were female. These persons were 
members of 703,092 households. There were 
744,205 informants in these households who gave 
schedule information to enumerators. Among 
the informants there were 170,594 males and 
573,611 females. The schedule information was 
given, therefore, in 77 percent of the cases by 
females, most of whom were housewives. There 
were on the average 3.36 household members, 
including the informant, for each informant. 
Thus, in 70 percent of the cases the enumerators’ 
returns on the schedules represent information 
about persons other than the one giving the in- 








CITIES 


TABLE I. Distribution of population enumerated during the National Health Survey (1935-1936), 
according to size of city in four broad groups and geographic area. 





IMPAIRED HEARING 115 


formation. This fact is important, especially in 
respect to reports on impaired hearing, as will be 
pointed out later in this discussion. 

The gross size of the Health Survey population 
sample is equivalent to 3.7 percent of the 1930 
urban population of the United States. It is 
impossible to state whether the sample was 
representative, in a rigorous sense, of the urban 
population in 1936 and certainty it is not a 
random sample of the whole population. The 
sample may be described quite appropriately as 
a representative cross section of urban United 
States in 1936. 


SAMPLING WITHIN CITIES 


On the basis of administrative and various 
other considerations, a quota of schedules was 
assigned to each city. For each city that was to 
be sampled, a table was set up showing enumera- 
tion districts which were employed by the 
Bureau of the Census in 1930 and the population 
of each. A sufficient number of these enumeration 
districts was selected at random from the table 
to yield a total population to correspond with 
the total number of schedules assigned to that 
city. From this procedure it is considered that a 
relatively unbiased sampling was achieved. The 
map shown in Fig. 1 illustrates a typical scatter- 
ation of enumeration districts as drawn in the 
manner described for the purposes of the Na- 
tional Health Survey in Atlanta, Georgia. 


OTHER SCHEDULE INFORMATION 


There are three valuable features in this par- 
ticular survey providing data on the incidence 
of impaired hearing in the general population. 








POPULATION IN HEALTH SURVEY SAMPLE 























ALL AREAS 
SIZE OF CITY 

U. S. CENsuUS oF 1930 No. PERCENT No. PERCENT East SouTH CENTRAL WEsT 
500,000 and over......... 10 12:1 1,077,449 43.0 584,120 -— 416,622 76,707 
100,000 to 500,000....... 21 25.3 767,193 30.7 172,417 251,540 205,169 138,067 
25,000 to 100,000......... 10 12.0 350,605 14.0 69,380 132,173 125,357 23,695 
Under 25,000........... 42 50.6 307,144 12.3 87,503 71,928 77,128 70,585 

Totals. . m = ie 7 ; - 7 83. ; 100.0 2,502,391 100.0 913,420 455,641 824,276 309,054 
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Fic. 1. Shaded areas show boundaries of enumeration districts which were enumerated during 
National Health Survey in Atlanta, Georgia. 


First, the schedules give a wide range of informa- 
tion about the persons in each household, such 
as age, sex, race, occupation, employment status, 
total family income, age of onset of deafness, 
whether the deafness is progressive or stationary, 
size of family, housing condition, and other 
similar facts relating to the socio-economic 
setting. Secondly, there is apparently no disturb- 
ing bias in the sample in respect to these charac- 
teristics of the individuals in the population 
sample that was enumerated. And third, the 
data tabulated from the enumerators’ returns on 
the schedules can be evaluated in terms of hearing 
loss measurements which were obtained during 
a supplementary clinical investigation at which 
both audiometric and otologic examinations 
were carried out on persons who had_ been 
included in the household census. 

From the very nature of the setting in which a 
useful and valid investigation on impaired hear- 
ing in the population can be accomplished, it is 
apparent that very few opportunities arise for 


such research. As will be shown in this series of 
studies, impaired hearing varies in prevalence 
and kind, as well as in degree, with a great many 
factors. Unless rather systematic controls are 
employed for evaluating the population studied 
in respect to age, sex, employment status, family 
income and relative amount of sickness in the 
various groups, an appraisal of the incidence 
estimates cannot be accomplished. 


THE CLINICAL INVESTIGATION 


The schedules resulting from the household 
census were shipped to a central statistical unit 
in Detroit, Michigan during the progress of 
enumeration in the various cities. After the com- 
pletion of the Health Survey, a random sample 
of schedules was drawn from the returns for 12 
of the 83 cities. For each of these 12 cities all 
schedules were drawn which contained entries for 
deafness, any stage. A _ considerably larger 
random sampling of the schedules on which no 
entries for deafness had been made were sepa- 
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rated, also. Identifying and other information 
was transcribed from these schedules and was 
used as a basis for investigating impaired hearing 
in relation to the information which had been 
given on the schedules originally to the enu- 


merators. 

Seventeen temporary clinics were set up in 
these 12 cities and individuals who had been 
canvassed during the household census were 
invited to these clinics for an ear, nose and 
throat examination and audiometric test. Physi- 
cians and acoustical engineers were appointed by 
the United States Public Health Service for 
temporary duty in conducting the work of these 
clinics under the direction of the writer. 

Thorough ear, nose and throat examinations 
and medical histories were obtained for each 
subject who attended the clinic. Attendance was 
voluntary and excellent cooperation by the 
subject was universal. Auditory acuity measure- 
ments were obtained on eight tones of the 
Western Electric 2-A audiometer for both ears 
by air conduction and on six tones by bone con- 
duction. All hearing tests were carried out in 
sound-insulated booths of uniform construction. 
Tests on the efficiency of these booths indicate 
that they attenuate sounds in the external 
environment to the extent of 28 to 34 db. The 
steady noise level in the booths varied from less 
than 25 db to approximately 42 db.! 

Careful attention was given to securing reliable 
measurements on each subject. For over one-half 
of the 9324 subjects studied at these clinics, two 
complete sets of audiograms were obtained for 
both ears by air conduction and by bone con- 
duction for both the ascending and descending 
approach to threshold. For the remainder of the 
subjects, one complete set of audiograms was 
obtained for the ascending and descending 
approach to threshold. Although more time than 
was really necessary was devoted to the audio- 
metric tests, it is considered that the higher 
degree of reliability resulting from this procedure 
fully compensated for the additional time spent 
in testing. From the data obtained at these 
clinics it is possible to determine the amount of 
hearing loss of persons classified under the 


1 Average levels as measured on ‘‘Ear 40, 70 and Flat” 
scales of the Type RA-224-C sound level meter manu- 
factured by Electrical Research Products, Inc. 
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various stages of deafness as given in the enu- 
merators’ returns on the schedules. 

When the physician or his assistant obtained 
information from a subject at the clinic for the 
medical history form, the same questions which 
were asked during the household census were 
repeated. There were some slight differences in 
procedure in asking these questions about the 
person’s condition of hearing and marked dif- 
ferences in other aspects of the interviewing 
situation. These two factors must be taken into 
account in estimating deafness in the population 
from the materials of this study. 

At the clinical interview, normal hearing was 
defined as ‘“‘no noticeable difficulty” and each 
person was asked whether he had ever ex- 
perienced difficulty with his hearing. Only when 
the answer to this question was ‘“‘no’’ was the 
person classified as having a clinical history of 
normal hearing. The basic definition for the 
stages of deafness were otherwise the same as 
those employed during the household census. 
However, there were many notations on the 
history forms indicating noticeable defects of 
hearing, not as severe as stage 1. Also, there 
were numerous cases in which a person claimed 
to have recovered from previously noticeable 
difficulty with hearing. For the purposes of the 
clinical history classifications, these individuals 
were called stage 1 deafness. 

In the clinical history classifications of hearing 
difficulty, the information was obtained in each 
case, of course, directly from the individual being 
interviewed. The physician ascertained from 
direct observation whether the subject could 
hear direct conversation at close range or whether 
he could hear loudly shouted words close to his 
ears. The opportunity to make these observations 
at the time the history was being recorded 
enabled the physician to classify the subject’s 
hearing difficulty much more accurately in terms 
of the definitions than could possibly have been 
the case during the household census. The history 
classifications, however, were made independ- 
ently of the audiometric examinations, so that 
the doctor’s judgment was not influenced by the 
nature of the subject’s audiograms. 

It is recalled that 70 percent of the enumer- 
ators’ classifications in respect to impaired 
hearing were secured for persons other than the 
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one giving the information. For convenience of 
terminology, it is considered that these reports 
may be meaningfully described as social history 
of impaired hearing in contrast with the kind of 
situation in which the clinical history was ob- 
tained. The results of the audiometric tests for 
both air and bone conduction were classified, 
first, according to the social history of impaired 
hearing and, secondly, according to the clinical 
history of normal or impaired hearing. The 
average hearing losses for the subjects in each of 
these groups were computed and the resulting 
determinations are illustrated in Fig. 2. 


HEARING Losses ACCORDING TO SOCIAL 
History OF IMPAIRED HEARING 


A good audiometric index to the ability of an 
individual to hear speech sounds is the amount 
of hearing loss on 1024 and 2048 cycles. The 
average hearing loss of the group for which no 
impairment had been reported on the Health 
Survey is 7.0 db on these two tones. Persons were 
not reported, on the average, as having stage 1 
deafness or worse unless they had attained 
hearing losses to the extent of 46 and 48 db on 
1024 and 2048 cycles, respectively. Stage 2 
deafness, according to the social history, is at a 


level of 55 db; stage 3 deafness is at 68 db; and 
total deafness for speech is at 89 db. It is ob- 
served, also, from the nature of the bone con- 
duction audiograms in Fig. 2 that, on the aver- 
age, there is marked hearing loss by bone con- 
duction for all stages of deafness reported on the 
Health Survey. From the character of these 
losses it is inferred that hearing impairments 
among these people are predominantly nerve 
deafness. This finding is at variance with a 
commonly held view that most deafness is 
essentially conductive loss. 


HEARING LossEs ACCORDING TO CLINICAL 
History OF IMPAIRED HEARING 


A comparison of the average audiograms ac- 
cording to social history and clinical history of 
hearing difficulty, as illustrated in Fig. 2, reveals 
certain striking differences. Persons in the normal 
hearing group, according to the clinical history, 
are at an average hearing loss level of —0.3 db 
on 1024 and 2048 cycles, which is 7.3 db less than 
the averages for the social history of normal 
hearing. This figure is significant because both 
groups contain predominantly normal hearing 
persons. Consequently, a rather large number of 
cases with impaired hearing must be introduced 
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into the distribution in order to influence the 
arithmetic mean to the extent shown. 

A comparison of the levels for stage 1 deafness, 
according to the two types of history, supplies a 
partial explanation for a considerable proportion 
of the differences in level for the two normal 
hearing groups. According to the clinical history, 
stage 1 deafness is equivalent to an average 
hearing loss of 24 db on 1024 and 2048 cycles, 
as compared with 47 db for social history of 
stage 1 deafness. It is evident that stage 1 
deafness, according to clinical history, is missed 
entirely in the household census technique of 
securing this type of information and that, on 
the average, impaired hearing is not recognized 
socially until the individual has attained an 
impairment sufficient to interfere with under- 
standing direct conversation. When the indi- 
vidual himself gives the information, as at the 
clinic, impaired hearing is recognized by the 
individual having an impairment on an average 
level of 20 to 25 db for 1024 and 2048 cycles. 

The differences in average trend between the 
social histories (household census data) and the 
clinical histories provide a basis for estimating 
the distribution of stage 1 deafness in terms of 
the clinical history norms for the general popu- 
lation. On the other hand, the nature of the 
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average hearing losses given for the social history 
alone provides a basis for interpreting, in terms 
of amount of hearing loss, the prevalence rates 
for various stages of deafness as obtained directly 
in the household census. In the present report, 
only actual prevalence rates as tabulated from 
the enumerators’ returns will be presented 
(Tables II to IV). A future report will take into 
account the differences in hearing loss criteria 
according to social and clinical histories of im- 
paired hearing and will present an estimation of 
impaired hearing in the population, based upon 
the population distribution of the 1940 census. 


AGE AND SEX INCIDENCE OF VARIOUS STAGES 
OF IMPAIRED HEARING 


The numbers in Table II state how many 
persons in the Health Survey population were 
not reported as having a given stage of deafness 
for each individual who was so reported. The 
ratio for each stage of deafness should be inter- 
preted in terms of the average hearing losses for 
the social history of impaired hearing, as given 
in Fig. 2. Thus, for the Health Survey population 
as a whole, one out of every 78 males and one 
out of every 85 females had an impairment of 
hearing to the extent of 47 db or worse (average 
loss on 1024 and 2048 cycles). Among children 


TABLE II. Age and sex incidence of various stages of impaired hearing, showing number of persons for each stage of deafness 
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in the National Health Survey population (1935-1936) .* 
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TABLE III. Prevalence and incidence rates for deafness (any stage), according to age and sex. 
Calculations are based on National Health Survey experience of 1935-1936. 
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! Equivalent to an average hearing loss of 47 decibels or more on 1024 and 2048 cycles. 
2 New cases per year at each single-year age throughout specified age period. 
3 Percentage decrease in annual rate over that for preceding period. 


of grammar school age (5 to 14 years), one out 
of every 339 males and one out of every 442 
females have stage 1 deafness or worse (47 db 
loss). These are all hard-of-hearing children who 
require training in special schools. 

There is marked increase in the prevalence of 
severely impaired hearing with advancing age and 
in similar degree for both sexes. At ages 35 to 
44 years, one out of every 103 males and one out 
of every 108 females have a hearing loss of 47 db 
or worse. In the age period 65 to 74 years, one out 
of every 14 males and one out of every 18 females 
is hard of hearing. 


ANNUAL INCIDENCE OF NEW DEAFNESS CASES 


Deafness is a chronic impairment. There is 
seldom recovery of good hearing after one has 


become hard of hearing. The impairment usually . 


gets worse but sometimes, although infrequently / 
remains fairly constant. Aural risks to which 
people are exposed probably predominate through 
young adult and middle-age periods of life, 
although they are present at all ages. Cumula- 
tively, then, we should expect larger prevalence 
rates for deafness among successively older 
groups merely from the factor of longer exposure 
to ever-present risks. Susceptibility to risk 
varies, of course, with age and the condition of 
one’s health. Even normally, however, there is 
diminishing resistance to attack by disease with 
increasing age. 

In view of these considerations it is of interest 
to analyze the data on prevalence rates and 





derive estimates of the average annual rate of 
acquring deafness by persons of various ages, 
Calculations permitting these estimates are 
given in Table III. 

Prevalence rates for all stages of deafness 
disclosed by the household census (stage 1 or 
worse) are given for males and females, by age, 
in columns 1 and 2 of Table III. Calculated 
estimates of average annual rates of acquiring 
deafness (new cases per year at each single-year 
age throughout specified age period) are given 
in columns 3 and 4. The figures for annual in- 
cidence of new cases are derived directly from 
the prevalence rates by subtracting from the 
prevalence rate for a given 10-year age peried 
the prevalence rate for the preceding 10-year age 
period, and dividing this difference by 10. Re- 
sulting figures give average annual rate of 
increase ‘in -prevalence throughout the 10-year 
age period. The values in the table are stated in 
cases per 100,000 population. The ratios in 
columns 5 and 6 enable one to evaluate directly 
the average annual rate relative to the annual 
rate for the age group 15 to 24 years. 

It is seen that among children of grammar 
school age (5 to 14 years), there are 25 new cases 
of impaired hearing equivalent to 45 db loss or 
greater per year per 100,000 population for boys 
at each single-year age level. Among young men 
in the age period 15 to 24 years, there are only 
6 new cases per 100,000 population of this degree 
of deafness. As shown in column 7 of the table, 
this means that the annual incidence of new 
cases of hard-of-hearing males is 76 percent 
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lower during the age period 15 to 24 years than 
it is during the age period 5 to 14 years. After 
this initial drop in annual incidence rate, there 
is a sharp acceleration in the rate at which new 
cases are produced. This trend reaches a peak in 
the age period 35 to 44 years, after which there 
is a 10-year retardation followed by another 
period of acceleration among males over 55 years 
of age. The trends are almost parallel for the 
two sexes. 


RELATION BETWEEN INCIDENCE OF DEAFNESS 
AND FAMILY INCOME 


Impaired hearing as severe as that represented 
by stage 1 deafness or worse in the Health Survey 


TaBLE IV. Incidence of impaired hearing (stage 1 or 
worse), according to age, sex, and family income. Table shows 
number of persons per case of impaired hearing in the 
National Health Survey population (1935-1936) .* 
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*Table excludes persons of unknown age and unknown income. 
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is a serious occupational and social disability. In 
the majority of cases, it is also a chronic disease, 
or, more strictly, a functional degeneration of an 
important sense organ resulting from attack by 
both chronic diseases and acute illnesses. General 
systemic debility associated with nutritional 
deficiency and toxic states likewise contribute to 
reduction in the normal functioning of the 
auditory nerve and muscle system and conse- 
quently influence the ability to hear. Health is 
related to standard of living, and the latter is 
related to family income. It is of interest, there- 
fore, to ascertain whether there is a significant 
association shown by the materials of the present 
study between the incidence of impaired hearing 
and family income. Results on this question are 
presented in Table IV. 

The table shows that a consistently higher 
prevalence of impaired hearing occurs among 
families on relief or having a total income under 
$1000 per year than among those having an 
income of $3000 per year and over. The preva- 
lence rates for impaired hearing among families 
of lower income are from 25 percent to 112 
percent higher than among those with higher 
income in the various age and sex groups. 

Among persons of school age and young adults 
(under 25 years), one out of every 273 males and 
one out of every 349 females in the lowest income 
group have stage 1 deafness or worse; whereas, 
in the higher income groups, only one out of 
every 404 males and one out of every 613 females 
are impaired to this extent. An inspection of 
other figures in the table reveals without doubt 


‘a strong association between family income and 


the incidence of impaired hearing. 





































JULY, 





1940 : oe 


VOLUME 1) 


Sound Control Apparatus for the Theater* 


HAROLD Burris-MEYER 
Stevens Institute of Technology, Hoboken, New Jersey 
(Received May 8, 1940) 


S has been pointed out in a previous paper! 
the purpose of controlling sound in the 
theater is to free the artist from the limitations 
which are inherent in traditional sources of sound. 
In a word the audience must be able to hear any 
sound from any source, and that sound must 
have the frequency or quality, intensity, ap- 
parent direction, apparent distance and rever- 
beration requisite to the production. 

As playwrights and directors have learned 
what can be done with sound by the use of 
electronic control equipment, their demands on 
such equipment have increased. Today about 50 
percent of the plays in New York use some sort 
of amplifying equipment. Generally the equip- 
ment is rented. It is assembled for each show and 
is generally so inflexible as to make it almost 
useless for any but the show for which it is 


* Paper presented before The Acoustical Society of 
America at Washington, D. C., April 30, 1940. 
1H. Burris-Meyer, J. Acous. Soc. Am. 11, 346 (1940). 


intended. It is often cheap equipment with poor 
response, much distortion and generally inade- 
quate output. 

A few completely flexible installations of equip- 
ment, capable of handling any demand of the 
playwright, have been assembled for productions 
which could not be presented with anything less 
elaborate. The first of these to be used in New 
York was developed for the Living Newspaper 
(Fig. 1), a type of production which depended as 
much on sound control as on any other element 
of production. The system was easily portable, in 
which respect it differed considerably from other 
theater systems which had adequate intensity 
and frequency range. 

The Living Newspaper system provided con- 
trol for four inputs at once or any number in 
sequence individually and through master con- 
trols, and distribution via two channels simul- 
taneously to as many as six speakers each indi- 
vidually controlled (Fig. 2). Speakers could be 





c Little Brown & Co. 


Fic. 1. Living Newspaper sound control panel. Input, left; output, right. 
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Output Speoker Speokers 
Switching Controls 


Fic. 2. Living Newspaper sound control system. Designed by Daniel Hoth after the Steven 
Theater System, 1935. Revised by Vincent Mallory, 1937. 


switched by keys to either channel and inputs 
(pick-ups, sound heads for film and microphones) 
could be similarly switched about. Perspective 
was achieved through speaker control. 

The layout was not complex, but the operation 
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Fic. 3. Stevens Theater sound control panel. Six inputs 
and four masters left, eight speaker controls right. Pre- 
amplifiers racked below. 


was. It often took two, sometimes three men to 
run it, and they found it difficult to read settings 
on rotary attenuators. The operators, in con- 
formity with standard electrical department 
practice used chalk to mark reference levels and 
thereby speedily obliterated dial calibrations. 
They had to match impedances every time they 
changed the number of speakers on a channel. 
And when the show moved fast they hardly had 
time to glance at the cue sheet. 

Despite obvious limitations we have not been 
able to improve upon the basic principle of 
control here employed, and this system has 
served as a model for several others. 

By the time we started work on the present 
system (Figs. 3 and 4) we had experimented with 
and found dramatic use for a number of kinds of 
sound sources not contemplated in previous 
years. Accordingly we have increased our avail- 
able inputs to six operative at any one time. 

The preamplifiers have individual and master 
controls. The response of each preamplifier may 
be preset to compensate for limitations of some 
sound sources. Expansion may also be supplied to 
records on which the dynamic range has been 
compressed. When expansion is switched out 
contraction or automatic volume control is 
switched in. This is initially useful in retarding 
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Fic. 4. Stevens Theater sound control system. Designed by Vincent Mallory, 1939. 


microphone feedback. In operating mechanical 
sound generators manipulation of the expand- 
compress switch results in striking variations in 
attack and apparent reverberation. 

There are eight flat response power amplifiers 
each connected to a single speaker or group of 
speakers. Eight speakers individually controlled 
are enough to provide auditory perspective on 
stage, above the audience and along the side of 
the house. While we have used as many as 
sixteen speakers in a play, we have never needed 
more than eight at one time and speaker switching 
is not difficult. By using only one or two speakers 
per amplifier and by using power amplifiers of 
good output regulation we avoid the problem of 
impedance matching which is a _ source of 
unending bother when a varying number of 
speakers is fed from a single amplifier. 

Three channels connect input and output 
control panels. They are color coded. Push button 
switches select the channel on the input panel. 
Correspondingly colored switches and pilot lights 
indicate the channel on the output panel. The 
designation and location of each input source and 
speaker may be written on a lighted ground glass 
panel below each attenuator. Attenuator opera- 
tion is up and down. The operator can read all his 





settings at a glance more quickly than he could 
read that of a single rotary attenuator. 

The frequency discrimination network (Fig. 5) 
is to date the only auxiliary apparatus which is 
introduced between input and output sections of 
the system, though insertion is simple should 
other apparatus be developed which would work 
best at that point. The many uses of this par- 
ticular attenuator are still being explored. 

It attenuates octaves sharply about 40 db. We 
have used it to correct the response of certain 





Fic. 5. Ferranti frequency discrimination network. 
(See Fig. 4.) 
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SOUND CONTROL 
mechanical signal generators, and to synthesize 
sound for which special generators were later 
built. 

Auxiliary apparatus which may be employed 
with the system includes first various micro- 
phones principally used to pick up the human 
voice and music from conventional instruments. 
Some have to be highly specialized, and the 
choice of type can be made only after careful 
analysis of the show. In one case we had to use a 
microphone eight feet in front of its associated 
speaker. Second, there are devices for playing and 
picking up records of all types: disks, film, 
conventional and engraved, magnetized tape and 
wire. Of these the most useful is the Fairchild 
Word Spotter, a mechanism for instantaneous 
cueing from disks. It was designed by our first 
sound technician and is now indispensable to 
certain types of radio programs. Third, there are 
electronic generators of waves which can be 
transformed into sound useful in the theater. 
They may include the electronic musical instru- 
ments, devices used to remake and synthesize 
human speech, oscillators and sources of thermal 
noise. 

Recently we have been working with me- 
chanical signal generators (Fig. 6). The thunder 
screen here illustrated is more useful than a 
truckload of prop sound machines, and the man 
at the control panel can operate it. It effectively 
replaces all the rumble, drum, board and sheet 
mechanisms and all the crashes except glass, and 
the sounds it generates can of course be controlled 
as to distance, direction, movement, attack, 
reverberation, frequency, etc. We are now at 
work on a device for pitch control, and still more 
generators are on paper. 

Electronic and mechanical generators are im- 
portant not only because they produce signals 
susceptible of easy control, but also because their 
operation is silent so that they can be used out 
front, where the operator can hear and see the 
show: in a box, the orchestra pit, the back of the 
balcony, or projection or sound control booth. 

Many types of speakers must be used. None 
has proved completely satisfactory for all pur- 
poses. Size and resultant competition with 
scenery for space, is a drawback where good 
response at all audible frequencies and power are 


FOR THE THEATER 








Fic. 6. Thunder screen, used in Stevens Theater production 
of “Johnny Johnson,” 1940. 


both needed. However with one play: Elmer 
Rice’s ‘“‘Two on an Island,’’ the scenery was 
designed and hanging plan devised to accommo- 
date the type of speakers which had been selected 
for the play on the basis of an analysis of the 
script and production scheme. 

As has been pointed out, sound control appa- 
ratus must be portable and susceptible of arrange- 
ment in a number of ways in restricted space 
without loss of operating efficiency. The photo- 
graph shows the size of the units. The two racks 
of power amplifiers not shown can be put any- 
where. The next most space consuming item is a 
turntable and more than two of these are not 
necessary. It is more efficient to make special 
records than to use a multiplicity of disks. When 
the trouping of a show is well planned it is often 
possible to have the sound system in and tested 
before the scenery is off the back wall. 

It would be unfair to allow anyone to assume 
that our present control system is all of our own 
devising. The research project has had the 
assistance and cooperation and the benefit of the 
experience of many of the sound operators in 
New York. And the system wouldn’t be of much 
use if they couldn’t or didn’t like to operate it. 

Finally the system of sound control we have 
established has considerable importance outside 
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the legitimate theater. Most of the techniques 
and some of the apparatus in whose pioneering 
we have been involved, and which can be effective 
with single speaker reproduction, have turned up 
in motion pictures and radio. Stereophonic 
reproduction and recording will widen the field. 


But the legitimate theater is the place to experi. 
ment. It is our most flexible dramatic medium. 
Its standard of performance must be good enough 
to get customers at $3.30 a head. These conditions 
are essential to the artist who first exploits fully 
the dramatic potentialities inherent in sound. 
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Properties of Linear Systems Used in Vibration Measuring Instruments 


Joun D. TRIMMER 
Department of Aeronautical Engineering, Massachusetts Institute of Technology, Cambridge, Massachusetts 
(Received May 21, 1940) 


OST instruments can be considered to be a 

simple linear system, or a combination of 

such systems. Hence it is a great convenience in 

the study of instrument performance to have 

available condensed and systematic information 
on the properties of linear systems. 

Some of the considerations involved in organ- 
izing and presenting such information are dis- 
cussed in the present paper, with reference by 
wav of illustration to instruments for measuring 
vibrations. 


GENERAL ANALYSIS 


A general scheme for the analysis of instru- 
ment problems, along lines evolved in the 
Instrumentation courses given at Massachusetts 
Institute of Technology, is illustrated in Fig. 1.'~8 
A typical instrument is a device, or aggregate of 
devices, for associating with any change in some 
particular quantity q a corresponding change in 
the displacement g; of an index. In a perfect 
instrument the association is unique—the index 
moves only if the one particular physical 
quantity q changes. Besides the actuating 
quantity q which the instrument is designed to 
measure, the displacement g; of the index, and 
the scale reading g, deserve special mention. 

With g and gq, expressed in the same units, the 
condition for correct static calibration of the 
instrument is SS,=1, where S is the sensitivity 
of the instrument and 5S, is the sensitivity of the 
scale, as defined in Fig. 1. 

As suggested by Fig. 1, the over-all sensitivity 
may be considered as the product of more or 
less arbitrarily chosen component sensitivities, 
by considering the complete instrument to be 
made up of a certain number of elements. The 

'C.S. Draper and G. V. Schliestett, ‘‘General principles 
of instrument analysis,”’ Instruments 12, 137 (1939). 

*C. S. Draper and G. P. Bentley, ‘“‘Design factors 
controlling the dynamic performance of instruments.” 
Paper presented at Philadelphia meeting of A. S. M. E., 
Dec. 4-8, 1939. 

°C. S. Draper and W. Wrigley, ‘‘An instrument for 
measuring low frequency accelerations in flight.’’ Paper 


presented at New York meeting of Institute of Aero- 
nautical Sciences, January 1940. 
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concept of instrument element thus implied is 
not in general identical with the concept of a 
simple linear system. An instrument element is a 
physical system which associates changes in one 
physical quantity with changes in another 
physical quantity (or the same quantity meas- 
ured at a different point). The element is a 
simple linear system provided the two quantities 
are related in time dependence by a linear 
differential equation with constant coefficients 
and not higher than second order. 

Two conditions must be observed if an instru- 
ment is to be separated arbitrarily into elements 
and the performance of each element studied 
separately. The first condition is that energy 
flows in only one direction through successive 
elements—the direction of the arrows in Fig. 1. 
Instruments satisfying this condition may be 
called elementary instruments. Automatic con- 
trolling instruments and those which incorporate 
servomechanisms for purposes of recording or 
remote indication are examples of instruments 
which violate this condition. The second condi- 
tion requires that in specifying the performance 
of an element the nature of the impedance 
matching between it and the succeeding element 
must be taken into account. (The electrical 
engineering terms are used here in a more general 
sense.) In many practical cases, the division of 
the instrument into elements can be so chosen 
that the “open-circuit” sensitivities of the ele- 
ments are good approximations to their actual 
sensitivities in the instrument. 
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Fic. 1. Scheme of instrument analysis. 
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Fic. 2. Typical instrument elements. 


TypICAL INSTRUMENT ELEMENTS 


Three instrument elements which may be 
treated as simple linear systems are shown in 
Fig. 2. They are the seismographic system used 
as the mechanical basis of vibration pick-ups; 
the equivalent circuit of one stage of a resistance 
coupled amplifier; and a simple R-L-C circuit. 
The open-circuit sensitivities of all three ele- 
ments, when expressed in the particular non- 
dimensional form denoted by S’ in Fig. 2, reduce 
to the form shown. (Several examples in addition 
to those of Fig. 2 have been noted—in some 2¢ is 
replaced by 1/2¢.) For a linear system, the sensi- 
tivity becomes simply a ratio. 

The formulas giving the parameters ¢ and w, 
in terms of the constants of the systems are 
included in Fig. 2. For the amplifier, the re- 
sistances Ry and R, are combinations of the 
actual resistances.** 

To deduce from S’ the performance charac- 
teristics of an instrument one must know the 
value to be assigned to the exponent and the 
value of (q¢x+:/qx)s-1—the sensitivity at the 
undamped natural frequency. The latter is in 
general a complex number and so affects both 
gain and phase characteristics. These will be 
discussed below. 

The value of the exponent depends not only 


4D. G. C. Luck, “A simplified method for resistance- 
rot Te coupled amplifier design,” Proc. I. R. E. 20, 1041 

1932). 

5F, E. Terman, Radio Engineering (McGraw-Hill, 
New York, 1937), pp. 176-180. 

6 J. D. Trimmer and Y. J. Liu, ‘‘Distortion of periodic 
wave forms in linear amplifiers,’ to appear in Electronics. 


on which system is considered, but on the 
quantities chosen for gx and qx+41:—a choice 
which is arbitrary within limits. For instance, jn 
the case of the seismographic system choices 
may be made as tabulated in Fig. 3. Assuming 
the choice for gx to be either the forcing displace- 
ment, velocity or acceleration, the choices of 
qx+1 required to make n= —1, 0 or 1, are listed 
in the third column. The reason for listing only 
those three values of m is that the frequency 
ranges for flatness of the gain characteristic have 
been determined for them. While there may be 
interesting possibilities in other values of n, 
they have not been investigated. 

It is seen that if the seismographic system js 
used at frequencies below its natural frequency 
(8<1), the relative displacement y is propor- 
tional to the forcing acceleration #; over a range 
centered about the natural frequency, y is pro- 
portional to forcing velocity «; and at higher 
frequencies, to the forcing displacement x. The 
other combinations of gxi1 and gx are made 
possible by what amounts to integration or 
differentiation of y, either in the way the voltage 
is generated in the pick-up, or by use of integrat- 
ing or differentiating circuits following the 
pick-up. 

Both electrical systems of Fig. 2, with gx and 
9x+1 Chosen as input and output voltages, re- 
spectively, are governed by the form of S’ with 
n=(. It is interesting that the two-mesh R-C 
circuit involves the same analytical form as the 
one-mesh R-—L-C circuit. 


a a tangs 




















Fic. 3. Choices of input and output quantities for 
seismographic system. 
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ANALYSIS OF VIBRATION 


GAIN AND PHASE CHARACTERISTICS 


“gain characteristic” is used syn- 
onvmously with ‘‘absolute magnitude of open- 
circuit sensitivity.’’ Relative gain as a function 
of frequency would be given by considering |.S’| 
as a function of frequency, and the value 
(absolute) of the gain would be | (qx41/9K)p—1\ 
- |S’. Alternatively, the sensitivity could be 
used directly to give gain as |S|, but some 
additional generality is obtained by consider- 


The term 


ing S’. 

For instance, the set of curves in Fig. 4 serves 
for both cases n=1, reading frequency from left 
to right and »=—1, reading frequency from 
right to left. Each curve flattens out on the 
ordinate equal to 2¢. The steps marked off on 
the right of Fig. 4 are increments of 5 percent. 
The frequency at which any given tolerance is 
exceeded can be quickly spotted by carrying 
dividers or a scale along a given curve. This has 
been done for 5 percent in Fig. 4, and it is seen 
that the curve for ¢=0.6 stays within this 
variation at frequencies only 30 percent removed 
from the natural frequency. 

A set of curves plotting |S’| for the case n=0 
would show, for large ¢-values, the familiar gain 
curves for resistance-coupled amplifiers, and for 
small ¢-values, the equally familiar gain curves 
of resonant circuits. 

Just as the gain characteristics of linear 
systems can be exhibited in a variety of ways, so 
also can the phase characteristics be variously 
presented. There seems to the writer to be some 
advantage in expressing phase in terms of time 
rather than in terms of angle, particularly in 
instrument analysis. As an example, Fig. 5 gives 
the phase time shift for the seismographic 
system for the case n=1. The ordinate is the 
time shift, multiplied by the natural angular 
frequency w, to make it nondimensional. 

One advantage of this mode of presenting the 
phase characteristic is that the criterion for 
perfect performance is flatness of the curve, in 
close analogy to gain characteristics. In terms of 
angle, phase must be judged by how closely the 
characteristics approximate straight lines and 
also where the straight lines intercept the ordi- 
nate axis. Moreover, in estimating distortion of 
wave form, at least for periodic waves, phase 
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time seems a more convenient quantity than 
phase angle. A fairly detailed discussion along 
these lines of the case n =0 is given elsewhere.® 


INDICIAL RESPONSE 


The term ‘‘indicial response’ is here used, as a 
generalization of the electrical engineer’s ‘‘in- 
dicial admittance,”’ to mean the time dependence 
of the output quantity gx4: when the input 


quantity gx has the particular time dependence 


aP-cHlilim 









Fic. 4. Relative gain as a function of frequency for the 
cases »=1 and n=—1. 


called “‘unit function” or ‘‘step function.’’ This 
concept has an important practical use in serving 
to determine the parameters of a system. If the 
indicial response is determined experimentally 
and from it the values of ¢ and w, can be de- 
duced, then the phase and gain characteristics 
can be predicted. 

For systems with less than critical damping 
(¢ <1) the indicial response is a damped train of 
oscillations. A convenient graphical method for 
deducing the value of ¢ from heights of successive 
peaks has already been published.' The actual 
frequency w is given directly by the experimental 
record of an oscillatory response, and the un- 
damped frequency w, is given in terms of ¢ by 
the relation w=w,(1—¢°)!. 

This way of finding ¢ and w, from the indicial 
response works very nicely for ¢-values less than 
about 0.6. For larger values of ¢, Fig. 6 gives one 
method of procedure. This is based on the 
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Fic. 5. Phase characteristic given in terms of phase 
time for case n=1. 


indicial response of a critically damped system 
(¢=1). For such a system the indicial response 
takes on certain fixed values, relative to the 
maximum ever reached, at equal intervals of 
time. These values are (m+1)e~”, that is, 0.736, 
0.406, 0.199, Now for systems with ¢ 
different from one, the values of w,¢t at which 
the response takes on 0.736 and 0.406 of its 
maximum value were calculated and are plotted 
in Fig. 6 as w,t; and wyte, respectively. The ratio 
of these curves is f2/t:, independent of w,. So also 
is the difference quotient (#;—f2)/(t2—¢,), for 
which w,¢; had to be calculated also. 
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Fic. 6. Curves for determining ¢ and w, from 
indicial response. 


To use these curves to find ¢ and w,, from the 
indicial response, the actual times /;, fs, «++ are 
noted at which the response dropped to 0.736, 
0.406, 
the zero of time is hard to determine from the 


of its maximum. Either ¢/f;, or, if 


experimental record (¢3—?2)/(t2—#1), is entered 
on the appropriate curve, and ¢ is read on the 
abscissa axis. Reference to one of the w,¢ curves 
then gives wn. 

It is interesting to note that the ratio curves 
flatten out at relatively low values of ¢. This 
indicates that the indicial response is not a good 


means of determining ¢ 
as the resistance coupled amplifier, with very 


and w, for systems, such 


large ¢-values. Perhaps some forcing function 


other than the unit function would be more 


suited to this purpose. 
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The Absolute Noise Level of Microphones 


A Definition Proposed for Discussion* 


H. G. BAERWALD 
Brush Development Company, Cleveland, Ohio 


(Received May 23, 1940) 


INTRODUCTION 


THER things being equal, the achievement 

of high quality in a microphone necessarily 
involves sacrifice of response level. This is true 
regardless of the principle of operation, because 
flat response over the audiorange requires loca- 
tion of the natural frequencies outside this range, 
and sufficiently small physical size to avoid 
sound field effects. Therefore thermal agitation 
noise becomes a problem with high quality 
microphones; as a matter of fact, the essential 
problem after high quality performance in the 
conventional sense has been achieved. In this 
respect, the situation is similar to that in com- 
munication systems in general, and this is very 
acutely felt in applications like frequency modu- 
lation where large width of the transmitted band 
is combined with utmost reduction of noises from 
other sources. 

It is therefore desirable to have a quantity that 
would characterize microphone noise perform- 
ance nonambiguously; so far as the writer is 
aware, a corresponding definition has not been 
put forward to date. It is evident that such a 
quantity would be related to the efficiency of the 
microphone as a transformer between distributed 
acoustical power and lumped electrical power. It 
is also understood that the definition of the 
quantity, in order to serve its practical purpose, 
ought to be based on the properties of aural 
perception, which would involve a corresponding 
weighting of the spectral efficiencies. The purpose 
of this paper is to propose for discussion a 
definition of microphone noise rating, called the 
“absolute noise level’’ or ‘‘absolute deafness,” 
measured in phon; to explain its physical mean- 
ing; to point out its relation to microphone 
efficiency; and to show how it is obtained from 
the response and resistance characteristic of the 








ws Presented at the 23rd meeting of the Acoustical Society 
of America at Washington, D.C., on April 29, 1940. 
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microphone, and how it applies to different types 
of microphones. 


THE ABSOLUTE NOISE SPECTRUM 
OF MICROPHONES 


Similar to a radio receiver, the objective noise 
performance of a microphone is characterized by 
the smallest detectable signal intensity. This is 
given by the thermal agitation noise in the electric 
circuits preceding the first tube, provided that 
such accessory noise sources as tube noise, hum, 
etc., are kept below this level. As differentiated 
from a radio receiver, however, the relative band 
width to be handled by a microphone is large; 
therefore more or less considerable variations of 
impedance and response over the frequency range 
can, and do, occur, and so the corresponding noise 
rating signifies, in general, only a spectral quan- 
tity. According to accepted terminology as sum- 
marized, e.g., by Fletcher,! it should be called the 
‘noise spectrum level,’’ denoted by B, and it is 
defined as the spectrum level of ambient sound 
that would give an electric response equal to the 
spectrum component of agitation noise in the 
microphone circuit. As the power of fluctuation 
per c.p.s. across two points of an electrical 
network is 4k7,? it follows that 





( 4kT 

10 log ———a(f)+10 log R(f),2) db 
B(f)=- po* 

| —94—a(f)+10 log R(f) xa) db 


for room temperature (1) 


where 

f denotes the frequency in c.p.s. 

a(f) denotes the response level of the microphone 
in db above 1 volt e.m.f. per g-cm™-sec.~? 
sound pressure 


1H. Fletcher, J. Acous. Soc. Am. 9, 275 (1938). 
* See, e.g. J. B. Johnson and F. B. Llewellyn, Bell Sys, 
Tech. J. 12, 377 (1933). 
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R(f) denotes the resistive component of the 
impedance of the microphone circuit 
k denotes the Boltzmann’s constant = 1.37 -10-*8 
joule per degree 
T denotes the absolute temperature 
po denotes the standard reference level = 2.104 
g-cm!-sec.~*, corresponding to mean thresh- 
old intensity at 1000 c.p.s. 
The whole frequency spectrum B(f) is referred to 
as the ‘‘absolute noise spectrum”’ of a microphone 
as it is related to a well-defined reference level. It 
is an objective quantity being independent of 
aural perception. For a microphone of sub- 
stantially flat response and constant resistance, 
B(f) isa straight line; this is approximately true 
for a ribbon microphone. B is unchanged by loss- 
free transformation, e.g., when stepping up the 
ribbon e.m.f. by means of a good transformer, or 
when using different series-parallel-connections 
of a multitude of identical units which make up 
the microphone, as in the case of a piezoelectric 
sound cell microphone. This property of B is 
inherent in its physical meaning and follows from 
(1). In case of a condenser microphone with air 
dielectric, the predominant component of the 
electrical resistance R is usually due to the total 
leakage resistance r (leakage of the polarizing 
circuit plus grid leak): 





i Wo 1 
R= =1( ) ' 
1+(rCw)? w 1+ (wo/w)? 


C=over-all capacity 
wo=1/rC=“‘cut-off frequency” ; 


where 


the useful component of the resistance, i.e., the 
reflected radiation resistance, is comparatively 
small in most cases, except perhaps at the top of 
the audiorange. Therefore, the noise spectrum 
level of a condenser microphone with sub- 
stantially flat response decreases with twenty 
times the logarithm of increasing frequency in 
the important frequency range. Fig. 1 shows the 
absolute noise spectra of the three types of 
microphones mentioned, and gives the numerical 
data from which they are obtained. Those of the 
ribbon and condenser microphones represent 
typical conditions,* while the curve referring to 


3H. F. Olson and F. Massa, Applied Acoustics (Blakis- 
ton, second edition, 1939), Fig. 5.33, p. 134 (ribbon); 
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the piezoelectric microphone composed of eight 
Brush Standard cells, was obtained from the 
results of extensive impedance measurements on 
sound cells. It represents conditions at room 
temperature and for normal high resistance 
loading; the noise spectrum level is 6 db up at 
about 87 deg. F and 5 db at about freezing 
temperature, while the influence of resistive load 
is considerable at the lower end of the frequency 
scale only. 


THE Limit SPECTRUM LEVEL AND THE ABSOLUTE 
EFFICIENCY OF MICROPHONES 


An ideal microphone, like an ideal aerial, 
would be loss-free in its electrical circuit except 
for the reflected acoustic radiation resistance. As 
the thermodynamical equilibrium implies equal- 
ity of the powers of fluctuation per increment of 
frequency on the electrical and acoustical side, 
this leads to a lower limit Bo(f) for the noise 
spectrum level of a microphone, which is given by 
the thermal agitation of the system including the 
surrounding gas. The conception and calculation 
of the limit spectrum level involves some kind of 
‘“‘quasi-stationary”’ approximation of the micro- 
phone, which, however, is justified in most 
practical cases, the more so as only the order of 
magnitude of the limit spectrum level is im- 
portant. Let us first consider the simplest case, 
i.e., where the internally loss-free microphone 
is a spherical zero-order radiator. Then Bo(f) can 








H. C. Harrison and P. B. Flanders, Bell Sys. Tech. J. 1, 
451 (1932); F. L. Hopper, J. Soc. Mot. Pict. Eng. 33, 
278 (1939) (condenser). 
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easily be computed accurately. If we call § = +7 
the complex ratio of the acoustical impedance per 
unit area of the microphone to that of the free 
medium, p:¢ (p=density, c=velocity of sound), 
we have 


¢=(14+1/ixr)—, 

if r in cm denotes the radius of the sphere and 
x=2nr/\=w/c the “wave number,” \ the wave- 
length. Applying the equipartition law or its 
Fourier equivalent,? we obtain the Fourier com- 
ponent p*(f) of the fluctuation of pressure p at 
the surface of the sphere, which corresponds to 
the limit level Bo: 











” Arr’ 
af) =4nr?-E(f) ART pc=————- AT pc; 
a 1+ (xr)? 
. pP*(f) 
Bo(f) = 10 log ae 
Po 
4kT pc 1+(xr)~? 
= 10 log - — 10 log ——— db 
Po Arr? 
(3a) 
1+(xr)-? 
= —37.7—10 log — b. 





4rr’ 
Applying the same line of thought to a more 
general microphone we obtain similarly 


Bo(f) = —37.7+log Am’): & db, (3) 


where A denotes the area of the microphone and 
A-t a weighted average which depends on its 
mode of motion. In the simplest case, i.e., for 
unimodal conphase motion, A-é is simply the 
product of the ‘‘effective’’ area, i.e., weighted 
according to the relative normal component of 
motion, and its relative radiation resistance &. 
This is approximately true for most microphones 
so long as (xL)? not >1, where the length L is 
representative of its linear dimensions; and as 
sound field effects begin to show in the response 
characteristic when this inequality ceases to 
hold, it represents an approximation for the 
limit level which is good enough for most 
practical cases, especially if we restrict ourselves 
to high quality microphones.‘ If (xZ)?<1, which 


*In the same way as in the sphere of electromagnetic 
theory, conceptions originally derived from quasi-station- 
ary approximation, like radiation resistance or driving 
point quantities, become either meaningless or too com- 
plicated to be of practical use as soon as conditions become 
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usually holds for the major part of the frequency 
range, §~(xL)~*, independently on the special 
shape. It thus follows from (3) that, in most 
cases, the limit level is considerably below 
(—38+10 log Aer) db, especially at low and 
medium frequencies. Taking Aes~} to 5 cm? as 
representative values, it is seen from Fig. 1 that 
the absolute noise spectra of real microphones are 
considerably above that of their associated 
ideals, which corresponds to the well-known fact 
that, in general, microphones are rather inefficient 
transformers of power. The quantity 


Nabs( f ) = 10- (8 ()—Bo(4)1/10 (4) 


would represent the natural spectral efficiency of 
a microphone. As a figure of merit, it may claim 
considerable theoretical interest, as it does not 
involve any arbitrary convention. But as the 
value of the limit level Bo(f) is not simple to de- 
termine, yna»s does not seem to lend itself to 
practical use—at least so far as its absolute value 
is concerned. Its general form of dependence on 
the different lumped microphone quantities, 
however, is significant: from (1), (3) and (4), we 
obtain 


1 V\? 
Nabs( f ) = F( «L)-—-(—) ’ (5) 
RA \p 


where V denotes the e.m.f. corresponding to the 
sound pressure p, and F is a function of «, i.e., of 
frequency, which depends on the special con- 
figuration of the microphone. The expression (5) 
is closely related to a definition of microphone 


remote from quasi-stationariness—so the conception of the 
limit spectrum load Bo(f) of a microphone, in the sphere of 
acoustics, becomes an involved quantity for sufficiently 
high frequencies, owing to the fact that the higher modes 
of motion become important, and so the approximation by 
a single degree of freedom fails. While the definition of the 
limit level Bo(f) [and thus that of the absolute efficiency 
(4) ] as the spectrum level of agitation for vanishing internal 
mechanical and electrical losses still holds, its expression in 
terms of the data of the real microphone becomes increas- 
ingly complicated. Incidentally, the definition requires, 
in full rigorosity, an infinite sound field in equilibrium with 
the microphone. A finite sound field of the volume V also 
exhibits thermal fluctuations, e.g., of pressure p, of the 
magnitude (m.s. value) 


p= PkT/V 


(P=hydrostatic pressure) whose Fourier spectrum is, 
however, undefined so long as the method of measuring 
remains unspecified, similarly as in the case of the shot 
effect as originally defined: see W. Schotsky, Ann. d. 
Physik 57, 541 (1918); 68, 157 (1922); R. Fuerth, Fluctua- 
tion Phenomena in Physics (Braunschweig, 1920). 
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efficiency recently proposed by F. Massa in this 
Journal ;’ this relation will be discussed in greater 
detail later on. 


DEFINITION AND INTERPRETATION OF THE ‘‘ABSO- 
LUTE NoIsE LEVEL” OF A MICROPHONE 


As we have seen, the absolute microphone 
efficiency is, in general, lowest at low frequencies. 
As the efficiency of the ear likewise drops 
progressively with frequency, it follows that, for 
many microphones, the absolute noise spectrum 
has a desirable shape; i.e., the noise is worst 
where it is perceived least. In order to arrive at a 
satisfactory definition for the noise performance 
of microphones, it is necessary to weight the 
spectrum B(f) according to properties of the ear. 
Therefore the associated loudness in Fletcher 
units or the loudness level in phon suggest 
themselves as appropriate quantities. As the 
phon is a quasi-logarithmic unit, it is perhaps 
more convenient; therefore, it is proposed to use 
the loudness level associated with the absolute 
noise spectrum as the noise rating of micro- 
phones, and to call it briefly the absolute noise 
level ‘“‘L.”’ 

The absolute noise level permits a simple 
physical interpretation: Let us suppose that our 
microphone be located at a point “‘1’’ and con- 
nected to the remote location ‘‘2”’ of a listener 
via an adjustable amplifier and speaker. The 
gain and frequency response of this imaginary 





5F. Massa, J. Acous. Soc. Am. 11, 122 (1939). 
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system is supposed to be so adjusted that any 
signal at ‘1’ is accurately reproduced at “2.” 
If, then, both locations are made dead silent, the 
only signals present are the spontaneous thermal 
agitations, and so the noise spectrum level at the 
location ‘‘2’’ is just that of the microphone; or the 
loudness level perceived by the listener would be 
the absolute noise level of the microphone as just 
defined. This presupposes that the compensating 
transmission system does not introduce any 
appreciable noise by itself, which is a physically 
justifiable assumption as it would merely require 
a sufficient voltage step-up to the first tube grid 
so as to make tube noise unimportant. If our 
microphone were ideal, the spectrum levels at the 
locations “‘1’’ and ‘‘2’’ would be equal, as they 
were supposed to be in thermodynamical equi- 
librium with each other. In case of a real micro- 
phone, however, there would be a difference in 
noise loudness level between listening directly 
and via microphone-transmission system, which 
is the absolute noise level, according to its 
definition. It can, therefore, be interpreted as the 
hearing loss incurred by the use of the micro- 
phone, and this suggests the alternative term, 
absolute deafness. It corresponds to an equiva- 
lent aural hearing loss as due to nerve deafness, 
and as differentiated from conduction deafness,' 
and could be measured audiometrically as the 
associated masking audiogram. An indirect pro- 
cedure for obtaining it from the measured micro- 
phone characteristics follows later on. 

The interpretation of the absolute noise level 
of a microphone as hearing loss is only approxi- 
mate insofar as the threshold of hearing does not 
coincide with the limit level. Indeed, if a micro- 
phone would deviate from ideality only so much 
as to produce an absolute noise spectrum coinci- 
dent with, or below, the zero masking contour, 
the hearing loss experienced by the listener at 
location ‘‘2’’ would still be zero. Therefore, the 
actual hearing loss is smaller than the absolute 
noise level, but the difference is not very great, at 
least for persons of acute hearing. This is due to 
the remarkable fact that the threshold of hearing 
is not very far above the limit level of the ear asa 
microphone, in a considerable frequency range. 
This is best seen from the masking contours 


6 J. C. Steinberg and M. B. Gardner, J. Acous. Soc. Am. 
11, 270 (1940). 
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ABSOLUTE NOISE 

published by Fletcher and Munson.’ The lowest 
contour measured corresponds to a masking of 
5 db; but it seems permissible, at least approxi- 
mately, to make an extrapolation down to zero 
masking by using the connection between the 
intensity level and the masking of noises of a 
spectral composition that corresponds to level 
masking. This relation was obtained experi- 
mentally by the authors down to zero masking 
and is published in the same paper’: Fig. 3, p. 4. 
The masking contours extrapolated accordingly 
(dashed curves) are reproduced in Fig. 2; the 
indicated frequency scale f is converted to the 
position x of the excited nerve patch as relative 
distance in percent from the helicotrema along 
the basilar membrane. The relation x(f) has been 
obtained experimentally and is given in Fletcher 
and Munson’s paper’ as Fig. 1 or by Fletcher,! 
Fig. 7, p. 283. It is seen from Fig. 2 that the zero 
masking contour drops to a spectrum level of 
roughly —48 db around x ~70 percent or f ~4 kc. 
Considering, as a rough approximation, the 
opening of the outer ear as piston of ¢ cm? area in 
an infinite baffle,’ the ratio of radiation resistance 
to free resistance is, at this frequency, of the 
order 0.05 to 0.1, i.e., the limit spectrum level, 
according to (3), is of the order —50 to —55 db. 
This proximity of natural limit and threshold of 
hearing for young people exists in a frequency 
band about 5—6 ke wide. As it will be seen, the 
frequencies about 4 ke contribute most to the 
absolute noise level for the majority of micro- 
phones. Therefore the term absolute deafness 
seems justified. 


THE DETERMINATION OF THE ABSOLUTE NOISE 
LEVEL OF A GIVEN MICROPHONE 


The value of the absolute deafness of a 
microphone can be derived from the experi- 
mentally obtained response and resistance curves 
by a procedure based on the paper by Fletcher 
and Munson’ (a simpler procedure published by 
Fletcher in' is not applicable as it is restricted to 


7H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 9, 
I (1937); see Fig. 15, p. 9. 

* According to J. C. Steinberg (e.g., Electrical Engineers’ 
Handbook, Vol. 5, Section 9, p. 9-02, the area at the 
opening of the ear canal i is 0. 3-0. 5 cm?; on account of the 
flaring shape of the pinna whose area is much larger, it 
seems fair to assume for the 
gives above. 





‘“‘equivalent”’ piston the value 
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medium spectrum levels). The absolute noise 
spectrum B(f) is obtained from the measured 
characteristics a(f) and R(f) by means of (1), 
and the associated values of masking M by 
interpolation from the masking contours, Fig. 2 
(under conversion of the frequency scale to x) ; or 
perhaps more conveniently from Fig. 3, in which 
x figures as the parameter. According to Fletcher 
and Munson,’ the loudness F per nerve patch is, 
for noises of continuous spectrum, a function of 























the local masking M(x) only, and the relation 
F(M) is given in the same paper (Fig. 6, p. 5) as 
well as by Fletcher! (Fig. 13, p. 287). The plot 
F(x) of the absolute loudness per nerve patch is the 
auditory noise pattern of the microphone, and the 
total area J/y'F(x)dx is the absolute loudness 
N; the associated loudness level as obtained from 
the well-known loudness conversion curve? is the 
absolute deafness L in phon. By means of some 
simple organization, the whole procedure be- 
comes a routine process which takes one or two 
hours, depending on the complexity of the 
microphone characteristics; this is true when 
ordinary numerical integration methods are used. 
Allowing for interpolation errors as well as those 


See references 1 or 7 or “A. I. E. E. Test Code for 
Apparatus Noise Measurements,” “‘A. I. E. E.”’ No. 520 
(March, 1939), Fig. 1, p. 9. 
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due to the extrapolation to zero masking, the 
accuracy of the conversion process is 1 to 2 phons 
for absolute noise levels not lower than about 
20 phon. 

AubIToRY NoIsE PATTERNS OF DIFFERENT 
MICROPHONE TYPES 


Figure 4 gives a juxtaposition of the absolute 
spectrograms and associated auditory noise pat- 
terns for the three microphone types that were 
represented in Fig. 1, with the absolute levels of 
the spectrograms shifted to such extents that the 
auditory patterns become equi-areal and result in 
an absolute noise level of about 30 phon. Unlike 
the spectrograms, the shapes of the auditory 
patterns are directly illustrative of the kind of 
hiss, as which fluctuation noise is perceived. The 
peak near x=70 percent or f=4 kc, which 
corresponds to the trough of the masking con- 
tours, Fig. 2, is present even in case of the 
condenser microphone whose noise spectrogram 
discriminates so strongly against the higher fre- 
quencies, although in this case, it is much weaker 
and preceded by a wide hump at middle fre- 
quencies. The noise pattern of the ribbon micro- 
phone, on the other hand, and to a lesser degree 
that of the sound cell microphone, have a hump 


above the maximum, which would add sharpness 
to the hissing sound. The lower frequencies are 
obviously unimportant for the noise performance 
of microphones; the physical reason is that the 
efficiency of aural perception decreases more 
rapidly with frequency than that of microphones 
because it is due to two concurrent causes, i.e., 
decrease of radiation resistance and_ nerve 
density. 


RELATION BETWEEN SPECTRUM 
AND LOUDNEss LEVEL 


INCREMENTAL 
LEVEL 


In view of the complicated connection between 
the noise spectrogram and the absolute deafness, 
it is somewhat surprising that a simple relation 
between their increments holds over a con- 
siderable range of levels and spectrum shapes. It 
is brought out by Fig. 5 in which the absolute 
noise level associated with the three prototypes 
of microphones whose noise spectra were given in 
the Figs. 1 and 4, is plotted versus the noise 
spectrum level B at f=3 kc. It is seen that over 
this wide range, the ratio of the increments AL 
and AB of absolute noise level and noise spectrum 
level is approximately constant and its magni- 
tude about 3 to 2. This result is of great practical 
importance as it frequently allows a quick ap- 
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proximate appraisal of the effect on the noise 
performance to be expected from electrical or 
other changes, without having to repeat the 
conversion process which leads from B(f) to L. 
For instance, an increase of the magnetic field of 
a dynamic microphone by 25 percent would 
decrease the noise spectrum level by 2 db, i.e., the 
absolute deafness by about 3 phon; or, it can be 
concluded that the noise performance of a 
piezoelectric microphone composed of 4 sound 
cells, will be superior to that of a single cell by 
about 9 phon, as AB= —6 db; and, the absolute 
noise level of a microphone with a substantially 
flat resistance curve will be about 43 phon higher 
when it works into its matching resistance, than 
when it is practically unloaded, i.e., works 
directly into a tube grid (the tube noise can be 
made unimportant by preceding step-up trans- 


formation). The $-law also permits approximate 


estimates of the noise figure of microphone 
combinations whose component spectra are 
known, e.g., for unidirectional combinations of 
sound cell and dynamic pressure gradient 
elements. 

The errors connected with such estimates as in 
the preceding examples, are usually of the same 
order as those involved in the conversion process 
which they circumvent—at least for |AB| S10 
db. It is, for instance, seen from Fig. 5 that, in 
case of a condenser microphone, the increment 
ratio is rather 1.6 than 3, but disregarding this 
fact would involve an error of only 13 phon for 
|AB| =10 db. 


NOISE PERFORMANCE OF COMMERCIAL 
MICROPHONES 


Regarding the permissible magnitude of the 
absolute noise level L, it must be borne in mind 
that the microphone noise as heard via the 
compensating transmission system defined in the 
section on the physical interpretation of L, would 
be perceived as loud as a 1000 c.p.s. tone of L db. 
According to recent measurements,” at about 5 
percent of residential locations noise levels of 33 


°D. F. Seacord, ‘‘Room noise at subscribers’ telephone 
locations,” Conference on Sound, A. I. E. E. Winter Con- 
vention, New York, 1940 (Elect. Eng. 59, 128 (1940)); 
Paper read at the Washington Meeting of the A. S. A., 
April 29, 1940. Note added in the proof: Meanwhile, a full 
account of Mr. Seacord’s results has been published: Elect, 
Eng. 59, 232 (1940). 
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db and below are met. Good broadcast studios 
should certainly be rather quieter. On the other 
hand, noise levels of less than 20 to 25 db are 
difficult to attain under normal conditions with- 
out creating the impression of dead-damping. 
Therefore, a figure of about 30 phons seems to be 
an appropriate upper limit to be set for the 
absolute noise level of high quality microphones, 
while there seems little practical value in trying 
to get below 25 or even 20 phon. How do the 
actual figures compare with these requirements? 
It is seen from Fig. 5 that it would require a 
decrease of about 4 db in noise spectrum level to 
bring the absolute deafness of the ribbon and 
condenser microphones that were chosen as 
examples,’ down to 30 phon. This would mean an 
increase of response level by 4 db, or decrease of 
resistance by 60 percent, or part of both. Moving 
coil microphones, in general, show up well re- 
garding noise performance, and have absolute 
noise levels of the order of 25 phon and better. It 
is further seen from the figure that a piezoelectric 
microphone consisting of 4 standard sound cells 
would just barely meet the noise requirements at 
room temperature, while one with 16 cells would 
be rather better than necessary. This number is 
also near the limits set by over-all size and 
proximity effects. The present state of the sound 
cell type microphone still leaves considerable 
leeway for future development in this respect, 
insofar as the loss factor is still mainly due to 
piezoelectrically reflected mechanical damping of 
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the mounting structure, rather than to radiation 
and inherent crystal losses, i.e., to the useful 
component and that given by natural limitation. 
As a type, the capacitive microphone, in general, 
and the sound cell microphone in particular, 
ranks, potentially, highest regarding noise per- 
formance, i.e., efficiency, mainly because it repre- 
sents a stiffness controlled pressure transmitter 
and allows to exploit all three dimensions, by 
stacking, instead of only two, to which dynamic 
microphones are, in general, restricted by the 
necessary proximity of auxiliary structures. 

All the quantitative noise figures that were 
given, represent lower limits and are increased, 
e.g., by resistance loading or by additional 
sources such as tube noise. In many practical 
cases, it is, however, possible to keep very close to 
these lower limits by intelligent choice of the 
associated circuits and tubes. 


DISCUSSION OF MICROPHONE EFFICIENCY 


It has already been mentioned that the abso- 
lute spectral efficiency of microphones as defined 
by (4) and explicitly written as (5), is closely 
related to a definition of microphone efficiency 
recently proposed by Massa,> formulas (3) and 
(4). Apart from certain not really principal 
difficulties common to both definitions, involving 
an ambiguity in the definition of the area, there 
are two essential differences between the two 
definitions: The function F of frequency and of 
the configuration of the microphone (5), is 
replaced by a constant, and the resistive part 
R(f) of the microphone impedance is replaced by 
its modulus, in Massa’s definition. 

What is the physical and practical significance 
of these differences? It has been pointed out that, 
in general, the function F is very involved, 
especially in the upper frequency range. If the 
definition is to be used as a practical rating, a 
corresponding simplification seems therefore 
imperative. To fix the value of F ad hoc, must be 
looked upon as a practical compromise: it pre- 
sents a least departure from the natural definition 
Nabs insofar as it preserves it dimensionally, i.e., its 
functional dependence on the lumped electrical 
and mechanical quantities; thus it means giving 
up the quantitative, but not a functional, relation 
to the limit spectrum level Bo(f), in exchange for 
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a practically applicable definition. It must, how- 
ever, be borne in mind that, fixing the value of F 
regardless of its physical dependence, renders the 
numerical value of » if interpreted as absolute 
efficiency, meaningless, but leads to a different 
interpretation, i.e., as ratio of signal powers, jn 
accordance with Massa’s explanation, without 
regard to the signal limit set by thermal agitation. 

The introduction of the modulus of the micro- 
phone impedance, on the other hand, does not 
seem to be a happy choice so far as the writer can 
see, at least from the physical point of view. For 
it is the resistive component rather than the 
modulus which determines both the power of 
thermal agitation per c.p.s. and the maximum 
power per c.p.s. deliverable into a matched 
electric load, i.e., quantities to which the effi- 
ciency is naturally related. The difference is, of 
course, of little consequence for predominantly 
resistive types such as dynamic microphones; but 
it affects profoundly the rating of the pre- 
dominantly reactive types which fare rather 
badly with Massa’s definition as their efficiency 
would improve with the reciprocal loss factor 
when basing it on the resistance. 


CRITICAL DISCUSSION OF THE PROPOSED 
NoIsE RATING 


The absolute noise level L depends uniquely on 
the absolute noise spectrum B(f) of the micro- 
phone, but is not connected with its limit 
spectrum level Bo(f). This must be so, since the 
conversion from B to L is based solely on the 
properties of aural perception, and therefore it 
matters not, from the point of the noise rating, 
how much the noise spectrum level at a particular 
frequency is above the theoretical limit level, but 
it is only its weighted contribution to the equiva- 
lent hearing loss that matters. This circumstance 
which is inherent in the subjective basis of the 
proposed definition, involves certain merits and 
weaknesses. While the absolute noise level L 
represents noise as perceived and is obtained 
from two series of conventional measurements: 
a(f) and R(f) by a straightforward process, it 
does not give any indication of the physical and 
design features by which these characteristics are 
obtained, nor how they are shaped: e.g., L has no 
direct relation to the physical size of the micro- 
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phone (in the definition of the absolute efficiency 
(4), (5), the area A came in only through the 
limit level Bo); or, the response curve may be 
very “wobbly” without having any adverse 
influence on L, so long as the average level a is 
high in the frequency range corresponding to 
maximum nerve density (the compensating trans- 
mission system introduced in the section on the 
physical interpretation of L, takes care of the 
response curve). 

As a consequence, the proposed definition of 
noise rating becomes inconclusive when used as 
sole criterion for high quality performance: 
within certain limits, the absolute noise level 
could be reduced ad lib. by simply increasing the 
microphone size, which would mean_ boosting 
noise performance at the sacrifice of directivity 
and of flatness of response and which, therefore, 
would lead to grossly unfair microphone ratings. 

An obvious suggestion for remedying these 
difficulties to a certain extent might seem to be 
the introduction of the response per unit area of 
the microphone in lieu of the lump response. But 
this would be a failure, because of the inequality 
of spectrum level and loudness level increments. 
According to the $-relation of the increments, the 
response per {rd power of the area might seem 
better, but would represent an approximation 
ad hoc, not justifiable on dimensional grounds. 
Moreover, the definition of the effective area is 
sometimes quite ambiguous, and it is often not 
the area but the space occupied by the micro- 
phone, that matters. 

It does not seem possible to “‘supplement”’ the 
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proposed definition successfully in this or any 
similar way by trying to introduce, a posteriori, 
additional relations to microphone quantities. 
For such attempts are simply inconsistencies: it 
is not possible to relate quantitatively the abso- 
lute noise spectrum to subjective and objective 
quantities at the same time, in order to obtain a 
single figure for noise rating. On the other hand, 
it seems to the writer that also the difficulties 
indicated are only apparent, i.e., introduced by 
inconsistent application, and that they vanish if 
the absolute noise level is used for what it is 
intended by definition: as one figure of merit, one 
single aspect of microphone performance. Then, 
if it were reduced by boosting other objectionable 
features, the over-all effect, as could be expressed 
by a combined figure of merit comprising all 
aspects with appropriate weightings, would be 
negative. At any rate, noise becomes an im- 
portant consideration only for high class micro- 
phones where some sacrifice of response level is 
inevitable. Thus misapplications of the kind 
indicated are not likely to occur anyway. 

May I thus propose for discussion the absolute 
noise level as noise rating for microphones. 

I wish to tender my acknowledgment to the 
Brush Development Company for providing the 
facilities that have made this work possible. I 
also want to express my indebtedness to Mr. A. 
L. Williams, President of the above Company 
and Messrs. W. J. Brown and D. Domizi for 
enlightening discussions ; also to Mr. S. Carpenter 
who carried out the impedance measurements on 
sound cells. 
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N application of the principle of reciprocity 

applied to electroacoustic transducers led 
W. Schottky some time ago to derive a universal 
relationship between the action of a reversible 
unit as a microphone and as a _loudspeaker.! 
His results, properly used, can lead to the 
absolute measurement of sound by means of 
purely electrical observations. Such absolute 
measurement in its practical form amounts to 
the calibration of a microphone. (Or in its less 
practical form, to the calibration of a loud- 
speaker.) It is the purpose of this paper to 
outline the theoretical basis for this type of 
measurement. The microphone undergoing cali- 
bration does not itself have to be reversible. 

A first application of Schottky’s results leads 
to a free field calibration in terms of either 
open-circuit voltage or short circuit current. 
A slightly different application, carried out in a 
chamber instead of in free space, leads to a 
pressure calibration in terms of the same units. 
These two methods are sketched out below. 


First CONSEQUENCES OF RECIPROCITY 


The results of this section, in part the same as 
those obtained by Schottky, are based upon the 
assumption of the validity for this case of one 
of the laws of reciprocity, which may be stated 
as follows: In a passive, linear 4-pole, (1) the two 
short circuit transfer impedances are equal, 
(2) the two open-circuit transfer admittances are 
equal, and (3) the open-circuit voltage ratio in 
one direction is equal to the short circuit current 
ratio in the other direction. For both electrical 
and mechanical cases involving a finite number 
of degrees of freedom, this follows from the 
symmetry of the system determinant. How- 
ever, two reversible electroacoustic transducers 
coupled to the same medium and accessible only 
through the two pairs of electrical terminals form 
a 4-pole which is neither wholly mechanical nor 
electrical. A fully general and satisfactory proof 


1 Schottky, ‘‘Tiefempfangsgesetz,” Zeits. f. Physik 36, 
689 ff (1926). 
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of the validity of the law has not, to the knowl. 
edge of the writer, been given for this case. For 
that reason, its applicability is herein assumed: 
however, in an appendix, the scope of the 
assumption is reduced by proving the theorem 
from a more elementary assumption. In the 
above, the two transducers and the surroundings 
have been taken as linear and passive, but 
otherwise, quite general. 

This generality may now be restricted. The 
surroundings are assumed to be free space, one 
of the transducers, U, may be general, but the 
other, U’, is a pulsating sphere connected 
through a conservative mechanism to an electro- 
mechanical transducer of one degree of freedom 
on each side. The mechanical system is assumed 
to be highly damped, and the radius of the 
sphere always negligibly small compared with 
the wave-length. Two points, O and D, separated 
a distance d, are chosen in free space. U’ is placed 
at D. A point on, in, or near U, but fixed with 
respect to it, is chosen, as well as a direction also 
fixed with respect to this unit. The point is 
called the center, and the direction is called the 
axis of U, although they are arbitrarily chosen. 
This transducer is placed with its center coin- 
cident with O and with its axis pointing 
toward D. 

With this configuration fixed, the following 
quantities are defined for U: | 


M.: Free field sensitivity as a microphone in 
open-circuit abvolts per bar 

M,: Free field sensitivity as a microphone in 
short circuit abamperes per bar 

S.: Free space calibration as a speaker in 
bars at distance d, per abampere 
driving current 

S,: Free space calibration as a speaker in 
bars at distance d, per terminal 
abvolt driving. 


S is in terms of pressure on the (arbitrarily 
chosen) axis at distance d, from the (arbitrarily 
chosen) center. M is in terms of f.f. pressure at 
the center for waves arriving along the axis, 
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having at the center a radius of curvature d. 
Similar primed quantities apply to the trans- 
ducer U’, except that the center is the center of 
the sphere, and the question of an axis is elimi- 
nated by symmetry. 

If U is now driven with 1 abampere, the ff. 
pressure at D will be S,. The voltage generated 
in U’ by this field will therefore be S,M,’. 

If the 4-pole is driven in the other direction 
with the same driving current, the same gener- 
ated voltage will result. Similarly by using all 
four of the laws of reciprocity, the following 
relations are found: 


| SoM! =S.' Mo, 

| SMa = Se M. (2) 
SMe =SiMo, 

SM,’ =S,' M.. 





These reduce to the three equations: 

S Sf BH Be 

mite Sith eg men, (3) 
M, M, M, M,’ 


which means that for any unit the relation: 


M, M, 
_ - 


=I] (3’) 


holds, and that this ratio is independent of 
design. It remains only to determine the value 
of H. Since it is independent of design, the ratio 
can be obtained by computing it for the idealized 
spherical transducer. 

For this purpose, the mechanism of U’ is 
assumed to be devoid of mass, stiffness, and 
friction, with the exception of a large mechanical 
impedance Z,, imposed upon the one degree of 
freedom coupling with the electrical side. The 
mechano-electrical transducer is likewise free of 
impedances, both mechanical and electrical. 
Electrodynamic coupling is chosen with a force 
factor, k. The mechanical advantage of the 
mechanism is so chosen that: 


Q=3, (4) 


where Q is the volume current of the sphere, and 
% is the velocity of the mechanical coordinate. 
The mechanism as a 4-pole connecting volume 
current and linear velocity acts as an ideal 
transformer with unit turns ratio, i.e., as a 
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direct connection. The impedance Z,, is then in 
series on the mechanical side. The electro- 
mechanical coupler itself has a circuit matrix: 

| 0 : 


k 0 (5) 


The radiation impedance of a pulsating sphere in 
terms of volume current and pressure is known 
to be: 
r r 
2,= —— = j—-- - -24aXh, (6) 
4ra*—j2any 2ar 

where r is the characteristic resistance of the 
medium, @ is the radius of the sphere, and X is 
the wave-length. Putting (4), (5) and (6) to- 
gether, it is seen that the equivalent circuit is as 
shown in Fig. 1. 

The box marked R is the electromechanical 
transducer. No equivalent circuit can be shown 
for this since its matrix is not symmetrical. The 
matrix of the entire 4-pole shown in Fig. 1 is: 


-" k 


(7) 
—-k 0 





wherein the first diagonal element applies to the 
acoustical end, and the second to the electrical. 
The applied pressure at the acoustical end is the 
free field pressure. The microphone sensitivity in 
terms of short circuit current is seen to be the 
reciprocal of the short circuit transfer impedance 
of Fig. 1 when driven acoustically. This amounts 
to: 


M,'=—=-. (8) 


The reciprocal of the s.c. transfer impedance 
when driven electrically is the volume current of 
the sphere for unit applied voltage, which is 
numerically the negative of the above value. 
Multiplication by the radiation resistance of the 
sphere gives the pressure at the surface of the 
sphere : 
1 
P y= —-Z,. (9) 
k 


(9) reduced for divergence and phase at distance 
d is the free-space voltage calibration of the unit 
as a speaker: 
1 a 
Sj) = —-Z,-e- 2d), (10) 
kd 
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Whence the value for H becomes: 


M,’ id 2dr 


— = — — — ei ((24/d)d) = —— ei ((24/A) d+ 4/2) | (11) 


ey Za r 





H 


Ignoring the phase factor: 


2d2 
(12) 


By means of (12) the characteristic of a unit as 
a microphone may be computed in absolute units 
if its characteristic as a speaker is known, and 
vice versa. It shows that if any unit is flat as a 


const. current , 


speaker operated by it rises on the 


const. voltage 


o.c. voltage 


low end as an free field microphone at 


s.c. current 
the rate of 20 db per decade (approx. 6 db per 
octave). This law was called by Schottky the 
“Tiefempfangsgesetz.”’ 

Equation (12) is exact; however, the condi- 
tions under which M and S are defined must be 
kept in mind. The result is independent of the 
choice of center and axis, but each coordinated 
pair of M and S are associated with one choice. 
Let the greatest linear physical dimension of U 
be called / (the arbitrary center is made part of 
the physical configuration for the purpose of 
determining /). (12) is independent of the relative 
magnitudes of J, d and \. However, if <d, then 
for a pressure microphone, M will be practically 
the same as the plane wave f.f. calibration. For a 
velocity microphone, this will also be true so 
long as \<d, but as soon as \ becomes com- 
parable with d, the calibration in terms of 
pressure for waves of radius d (which is M) is 
appreciably larger than the plane wave value. 
The two values are related by the factor 
(1+(c/wd)?)! where c=speed of propagation and 
w=27 frequency; hence the plane wave calibra- 
tion can be obtained from M by dividing by 
this factor. 

Analogous but different results are obtained if 
the procedure is carried out in a small confined 
chamber instead of in free space. In this case, 
the chamber is assumed to be so small with 
respect to the wave-length that the pressure is 
the same everywhere within. In this space are 
placed an arbitrary reversible unit and also the 
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Fic. 1. Equiva. 
lent circuit of ideal. 
ized spherical trans. 
ducer. 





same special spherical unit as before. Fig. 1 js 
now changed in that the free space radiation 
impedance of the sphere is replaced by the im- 
pedance of the chamber. An equivalent circuit 
of the entire system is shown in Fig. 2. U jg 
again the arbitrary transducer. Quantities analo- 
gous to (1) are defined, but using the symbols T 
instead of M, and R instead of S. T is the calibra- 
tion of the unit as a transmitter in terms of 
pressure on the diaphragm. (In this case, only 
pressure type units can be used.) R is the 
calibration of the unit as a receiver in terms of 
volume displacement when operating into zero 
external impedance. The arbitrary impedance 
added to the mechanical side of U’ is made so 
large that the volume admittance of the sphere 
vanishes compared to that of the chamber. 
Z, and Z, are the acoustical impedances of the 
unit U with electrical terminals open and shorted. 
By examining Fig. 2, it is seen that a set of 
equations analogous to (2) can be written down. 
The first would be: 





Lobe LiLe 
joR.—T,,' = jwR..— “ 
ZotZ. Zo ibe 
It is seen that in all four, 
: LiZ- — Lab 
either jw—— or jw (13) 
LZotZ- Z.+Z. 


enter on both sides as factors and cancel out. 
Analogies to (3) and (3’) now follow, the latter 
being : 

te 2% 

—=—=(, (14) 

Ro R, 
The ratio G, independent of design, is found as 
before by computing it from U’, the idealized 
spherical transducer ; the equivalent circuit is the 
same as in Fig. 1 without the Z,, so that its 
matrix is (7), also without the Z,. T, is the re- 
ciprocal of the s.c. transfer impedance when 
driven acoustically, and jwR, of the s.c. transfer 
impedance when driven electrically. These two 
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Fic. 2. Equivalent circuit of idealized and general 
transducers coupled to a chamber. 


values are the negative of each other, hence: 
G= — jJwo=wet!?), (15) 
Or, dropping the phase factor : 
G=o. (16) 


From (16) the absolute calibrations of a unit as 
a receiver (R) and as a pressure microphone (7) 
can be computed from one another. 

Taking R as a measure of the pressure sensi- 
tivity of the unit as a receiver—which will 
actually be the case in terms of relative pressure 
generated if it operates into a pure compliance 
soft compared with the diaphragm (the ear 
cavity)—the following law is deduced from (14) 
and (16): If a unit is flat as a receiver operated 

constant current 





vy , it rises on the high end as an 


“ constant voltage 
a pressure microphone at the rate of 
s.c. Current 

20 db per decade (approx. 6 db per octave). If 
there is a ‘‘Tiefempfangsgesetz’’ for free space, 
as Schottky found, there is also a ‘‘Hoch- 
empfangsgesetz”” for a chamber.’ 


THE ABSOLUTE MEASUREMENT OF 
SOUND—FREE FIELD 


The results given by (12) and (16) can be used 
to obtain the absolute calibration of a micro- 
phone in terms of free field or applied pressure. 
The pressure method suffers from some of the 
difficulties common to all chamber measure- 
ments, such as cooling of the walls, which, how- 
ever, has been compensated for in the past in 
work on the thermophone and pistonphone. The 
free field problem which will be treated first 
suffers from the difficulty of simulating free 








* The words “receiver” and ‘‘transmitter” have opposite 


meanings in the German and English literature. 
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space conditions ; however these are likewise met 
with in Rayleigh disk measurements. 

In the experiment leading to the f.f. calibration 
of the microphone there enter: (a) the micro- 
phone to be calibrated, U, (b) a reversible unit, 
U,, and (c) a sound generator, U,. Since it is 
desired ultimately to obtain the plane wave f.f. 
calibration in terms of pressure, and since the 
curvature of the wave affects the calibration of a 
velocity microphone at low frequencies, a some- 
what more strictly specified experiment is needed 
in this case than for a pressure microphone. 
This more restricted experiment will be described 
since it includes both cases. 

The sound generator U, should be a zero 
order radiator, i.e., one which behaves as a 
point source at sufficiently low frequencies. On, 
in, or near U, U,, and U, arbitrary centers are 
chosen. Similarly, three axes are chosen. Let / be 
the greatest physical dimension of any of the 
three devices (the centers are included as part of 
physical configuration). 

U and U, are now placed one after the other 
at the same spot in the sound field of U.. More 
specifically, U is placed co-axially with U., and 
their centers are separated by a distance d. 
This distance is chosen so that <d. Without 
changing U, in any way, U,; is substituted for U. 
The voltages generated by each, E and E,, 
are recorded. If M, and M7 are the o.c. free 
field calibrations of U and U, for waves of 
radius d, then since the sound field was the same 
in both cases: 


E E, M,. E 
= whence : ——=—. (17) 
M, M.* M.* E, 


The use in (17) of M (which is for waves of 
radius d) must be justified, since U, does not 
necessarily emit spherical waves at all fre- 
quencies. For high frequencies with \<d, the 
values for response of U and U, in plane, 
spherical, or actual field would be nearly identical 
since <d. For a velocity microphone, the curva- 
ture effect becomes apparent for d~X or d<X. 
But then we have also /<d and therefore U. 
behaves as a spherical radiator. Consequently the 
use of M is justified. 

U, is now removed, and the two units placed in 
juxtaposition with their axes coincident but 
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opposed, and their centers separated distance 
d. U; is driven with a current J’. The f.f. pressure 
at U’s center is J’.S.7, where, as before, S,7 is the 
calibration of U, as a speaker. If U now puts out 
the o.c. voltage E’, then: 


E’=I'S¢ Mo, (18) 


where the use of M is similarly justified. But 
now from (12) we have the value for the ratio of 
M. to S,7. So from (18) and (12): 


FE’ 2dr 
M.M,*=- i 
I' 


(19) 


which together with (17) gives: 


E'E 2d2\} 
m.=(— —) . (20) 
I'E, r 


(20) is the absolute calibration of the given 
microphone in o.c. abvolts per f.f. bar for waves 
of radius d. Quite similar results are obtained for 
s.c. abamperes per f.f. bar, and analogous results 
for the calibration of a unit as a speaker, by 
applying (12) to the above, for instance. 

If the microphone being tested is one of the 
pressure type, M is practically equal to the plane 
wave value; if the microphone is a velocity 
type, and the plane wave value is desired, the 
correction factor {1+ (c/wd)?}—? must be applied. 


THE ABSOLUTE MEASUREMENT OF 
SOUND—CHAMBER PRESSURE 


To apply the method to obtain the pressure 
calibration of a given microphone, there enter 
the same three devices as before, except that this 
time they would want to be of such physical 
size and otherwise so chosen as to be suitable 
for work in a chamber. Coupling all three to a 
small chamber and driving U., the analog of 
(17) is obtained: 

rT. E 


=—. (17’) 
7° Be 





For the second experiment, U, may or may not 
be left in the chamber. If it is, its diaphragm 
impedance must be added in parallel to the 
chamber impedance, the former taken with the 
electrical connections in the condition in which 
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they are left. Calling Z., Z., Z.7 the impedance 
of the chamber, the o.c. diaphragm volume im- 
pedance of U, and the same for U,, the pressure 
generated in the chamber by virtue of a current 
I’ in U, is: 

P=I'R,*jwZ, (21) 


where Z is the parallel combination of the 
chamber and the two diaphragm impedances, 
If E’ is now the o.c. voltage in U, then the 
analog of (18) is: 


EF’ =jol'R7T.Z, (18) 
which together with (16) gives: 
von wa 
£9 gS, (19’) 
ra 
Whence (19’) and (17’) lead to: 
E’E 1\:3 
r.=(- =) (20') 
'E,Z 


after dropping the phase factor. This is the 
absolute calibration of the given microphone in 
o.c. abvolts per bar applied pressure. Instead, 
the s.c. calibration could have been obtained, 
or even the calibration of a unit as a receiver. 
The application of this formula requires a 
knowledge of the impedance of the chamber as 
modified by wall cooling and by the units 
coupled to it, these taken with their electrical 
terminals o.c. in the given case, or s.c. for the 
S.c. Case. 

The derivation of the principle results given 
by (12), (16), (20) and (20’) was carried out with 
c.g.s. electromagnetic units. This was done to 
facilitate the computation of the idealized spher- 
ical transducer which used magnetic coupling. 
However, electrostatic coupling could have been 
used and the work carried through with es. 
units. Nevertheless, the four principle equations 
would remain unaltered but giving M,, for 
instance, in statvolts per bar rather than in 
abvolts per bar. 

It is customary to express M and S in terms of 
bars on the one hand and volts or amperes on 
the other. It is therefore neither c.g.s. nor 
m.k.s., but mixed. If d, \, w, Z, and r are in 
C.g.S. units, and E and J in international units, 
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then the four equations become: 





2dr 
H=1077- -, (12a) 
r 
G=10e, (16a) 
E'E 2dr\} 
M.=(10 mm Sa ee, 
rie ¢ 
E’E 1\3 
T,=(10 (= _ -) (20’a) 
V'E,Z 


with M, S, 7, R in bars and volts or amperes. 
(H and G are ratios of these quantities.) 

In all methods previously employed to obtain 
absolute measurements, a primary standard was 
necessary. This primary standard was, in a 
word, a sound detecting or generating device 
whose construction was so simple that it could 
be reliably computed. In other words, a com- 
putable standard was used. It would seem im- 
possible to obtain absolute measurements with- 
out such a standard. In the present case, such a 
computable standard, namely the spherical trans- 
ducer, also enters into the picture, but it remains 
only hypothetical, i.e., it has to be used in the 
theoretical work, but it does not have to be 
built. 

APPENDIX 


To prove the law of reciprocity as it has been used, it 
suffices to assume that the 4-pole formed by two acousti- 
cally coupled transducers can be represented as the limiting 
case of an infinite sequence of electromechanical systems of 
a finite but indefinitely increasing number of degrees of 
freedom. Such a proof carries considerable weight, although 
it is not as satisfying as a real wave solution. 

The proof is carried through for the case of electro- 
magnetic and/or electrostatic couplers. A similar result 
can no doubt be obtained for piezoelectric couplers. Fig. 3 
represents one of the systems in the infinite sequence of 
systems with increasing numbers of degrees of freedom 
whose limit is supposed to be the acoustical case. If 
reciprocity holds for them all, it presumably holds for 
the limit as well. The logic of this is not too precise. 

Nn is a mechanical system with an arbitrary number of 
coordinates available on the left-hand side, and another 
arbitrary number available on the right-hand side. W; 
and Ws: are electromechanical couplers devoid of un- 
necessary mechanical or electrical impedances. Each side is 
homogeneous, that is, only one kind of coupling, static or 
magnetic is present on any one side of Ny». Ni and N2 are 
two general electrical networks. Niz represents eventual 
direct electric coupling between Ni and N2. 1 and nm are 
the input and output meshes. It is noted that a single 
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Fic. 3. Equivalent circuit of one out of the infinite 
sequence of 4-poles whose limit is the acoustically coupled 
4-pole. 


coupler on each side would not be sufficient, for that would 
imply that a single mechanical coordinate was imposed 
between the acoustical and electrical systems. Such might 
be the case with a cone speaker, but it is not the case for a 
velocity microphone with an undulating ribbon or with a 
condenser microphone with a flexible diaphragm. The entire 
system is assumed to be passive and linear. 

For Fig. 3, a system matrix A can be set up. The entire 
principle of reciprocity rests merely upon the relation 
between the two minors Aj, and A,, of this matrix. If their 
determinants are equal, reciprocity applies, otherwise not. 
They will certainly be equal if A is symmetrical. Since the 
two-rowed matrix of a simple electrostatic coupler, formed, 
say by a rigid piston facing a back plate, is symmetrical, 
one concludes that reciprocity applies if all couplers are 
electrostatic, for then the entire system matrix will also 
be symmetrical. The two-rowed matrix representing a 
simple magnetic coupler is, however, skew symmetric as 
shown in (5), so that it is necessary to demonstrate the 
validity of reciprocity in this case. 


Both sides magnetic 


If the couplers on both sides are magnetic, the system 
matrix would appear: 





Ms | Wi | Me 
A= —we | Nn | W2 (22) 
Niu? | —WsT| Ns 


A is broken up into several component oblongs. The three 
on the main diagonal are square, and each would be the 
matrix of that part of the circuit alone which is indicated 
therein if all its accessible meshes were shorted (uncon- 
strained). W; is not, in general, square. It represents half 
the coupling terms due to the like-named couplers. Were 
it not for the peculiar characteristic of magnetic coupling, 
the middle left oblong would be merely the transform of W;. 
As it is, every term there has a minus sign. A similar situa- 
tion obtains for W2. Ni2 is also not square in general. This 
represents direct electric coupling. The lower left oblong 
is the transform of this with plus sign. 
The two minors are derived from A as shown below: 


(23) 


| 
| 
| 
(—)"|Ani| = | 
| 


ede 
! 
| 


| 
| 
| 
(—)"|Am| = | ’ 
| 
| 
! 
I 
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In each case, the determinant within the dotted line is 
evaluated to find the minor. In the first case, the first row 
and last column are stripped from A, and in the second case, 
the first column and last row are stripped. The second one 
can now be rotated on its main diagonal without changing 
its value. Then in both cases it will be the first row and 
last column that are stripped, but in the first case from A, 
and in the second case from A’, i.e., from the transform of 
A. Aand A’ differ only in that the sign of every element in 
the W sections is different. If in the second case every row 
and column contained in N,, is multiplied through by —1, 
the value of the minor determinant will not be changed, 
since an even number of negatives has been used. But now 
it is identical with the first minor, for every element in the 
W sections has changed back again, and the elements of 
N,, have all been multiplied twice and hence are unchanged 
Therefore if W;, and W, are both magnetic, the law of 
reciprocity applies. 


W, magnetic and W; static 


This case differs from the above in that only the W, 
sections have opposite signs. In this case we proceed as 
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before, except that instead of multiplying only those roy 
and columns contained in N,, by —1, we include those cop. 
tained in N2 as well. As a result of this, the W; sections 
change their signs back again; N,,, Ne, and the Ws sections 
get multiplied twice and remain as they were, but the two 
Niz sections are multiplied only once and hence change 
signs. The two minor determinants are now identical] 
except that in the second one, the Ni2 sections are negative. 
Unless all the elements of Ni2 are zero, the two are def. 
nitely unequal, and the law of reciprocity does not hold. 
Since the last column was multiplied by —1 but removed to 
form the minor, the minor determinant has been multiplied 
by an odd number of negatives; so if all elements of 
Ni2 vanish, reciprocity holds, but with phase reversal. 
Hence for magnetic coupling on one side and static on the 
other, reciprocity holds only when there is no direct electric 
coupling between the two electrical sides of the system. In 
the calibration problem, this was not the case, and hence 
the assumption was justified, but the example of such 
cases where reciprocity does not apply means that a certain 
amount of care must be observed in using it. 
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Sound Pressure on Spheres 


FrANcis E, Fox 
The Catholic University of America, Washington, D. C. 
(Received May 31, 1940) 


The theory of King for the radiation pressure exerted by plane progressive waves on spheres 
has been used to compute the constants for spheres of radii (r) of the order of a wave-length 
(x) of the sound in the medium. These are given for integer values of a=2zr/d from 1 to 11, 
and for a=15 and 20. For larger @ the constants approach a limiting value so that one may 
use a simple approximation to obtain the constants for such spheres. 


INTRODUCTION 


NVESTIGATIONS involving the determina- 

tion of absolute and relative intensities of 
acoustic waves in liquids by radiation pressure 
measurements have made it desirable to have 
available the values of the constant relating the 
radiation pressure in a sphere to the sound 
intensity in the medium. King’ has developed 
formulas including the case for the radiation 
pressure of plane progressive sound waves in a 
frictionless medium upon rigid spheres. The 
radiation pressure is expressed as a function of 
the intensity (or a quantity related to the 
velocity potential) of the sound, the relative 
densities of the sphere and the medium, and a 
parameter a=2zr/\ where r is the radius of the 
sphere and \ is the acoustic wave-length in the 
liquid. For a<1 the calculations are relatively 
simple but for larger values of a they become 
more and more tedious, involving many terms 


of a series containing Bessel Functions of large 
argument and high odd _ half-integer orders. 
These in turn must be calculated by series or by 
extending existing tables by means of recurrence 
formulas to higher values of the order. 

The theory is to be used in experimental work 
in this laboratory and it was planned to carry 
the investigation to as high a frequency as 
feasible, and since even for a given sphere the 
parameter a increases with the frequency it 
becomes evident that it would be of advantage 
to have some means of quickly determining the 
radiation pressure constants for any value of a. 
Of course one could choose different spheres for 
different frequencies so that the a@ remains 
constant but technical considerations make this 
impracticable. It seemed simpler to compute the 
constants for a number of integer values of a 
and then interpolate. Further, it is possible to 
find a simple extrapolation formula for very 
large a. 


METHODS 


King gives the mean radiation pressure on a sphere in a plane progressive wave: 


P= (2mpo| A |2/02)[(1/H?ll2) + (2/H2H 2a) { a? — 3(1 —po/p1)}? 
+2 2=2" (n+ 1)/H,2 TT 4 re i n(n+ 2) *), (1a) 


which we may write as: 


P=po|A|?F (1b) 


in which F is the function of a and po/p; to be evaluated where pp=the density of the medium, 
pi=the density of the sphere, a= 2zr/\, r=radius of sphere, \= acoustic wave-length in the medium, 
and A is the coefficient associated with the velocity potential of the incident radiation field defined 
so that the mean total energy density in the wave is E = pok?| A |?/2 where k= 2x/dk=ar. 


The //,, are further defined 


H,2 = (4 /202"*") [n(n 41/2 +I n 12°) + 2na(J n 1/2J. n 3/2 — Jng.1/2D n43/2) $O(Tn43/22+I_n-3/2") |, 


'L. V. King, Proc. Roy. Soc. London A147, 212 (1934). 


147 


for n#¥1 (2a) 
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and 


Hy? = (x/2a*)( (1 — po/p1)*(S 3/2? + J_3/2”) + 2a(1 — po/p1) (I—s72I~5j2 — J 3/2J 5/2) +? (S5/22 + J_5/2°) J, 


In all these the Bessel Functions J(n+1/2) are of argument a. 

It is possible, moreover, to express the H,? as polynomials and this is of special interest when 
dealing with spheres for which a¢ 1, where only the first two terms in (1a) are needed to obtain F 
with an accuracy of better than 1 percent. These are given here to collect all the formulas necessary 
for the computations for any a. 


HH? = (1+?) /a?’, (2b) 
H?= (4/a°)((1 + po/2p1)? + (a?/2)(1+p0/2p1) (po/p1) +a‘/4 ], 
H,? = (81/0!) [1+ (a2/9) — (2a*/81) +a°/81 J. 


King points out that for a<1 it is sufficient to take the first two terms in (1a), so that 
FS 2ra®L1+2(1—po/p1)/9 ?/(2+ p0/p1)*. (3) 


The neglected terms contain @ in the eighth or higher powers. 


If we take a=1 the error in neglecting the third term is still small, i.e., less than one percent, 
and that 


F= (1 /89)[105 —48(00/p1) +36(p0/p1)? ]/[5 +6(00/p1) +2(0/p1)* ].* (4) 


The results of the calculation for values of | the order needed, by the recurrence formula 
a=1 to 11, and 15 and 20 are given in Table I Jarshal4-Jska «Casa he. (5) 
for values of po/pi=1, 0.5, 0.2, 0.1, and 0. For 
a> 1 the eeries for F wes carried out till the It is evident that F is approaching the limiting 
remainder terms were negligible. F for a=20 value 7a’/2 as a—~ and this suggests dividing 
includes e.g. 26 terms and necessitated the F by ra?/2. Setting Y=2F/ra* we see that Y 
calculation of H,? to »=26, with the Bessel approaches l asa increases and is useful if one 
functions Js57/2(20). For the Bessel functions wants to express P through EF. Thus we may 
eight places were taken from a twelve-place Write (5) as Z ™ 
table,? and the tables were extended, to include P= YE(nr’). (6) 


. ' RESULTS 
TABLE I. F as defined by Eq. (1) for various values of « and 


po/pi. The values of ro? /2 are given for comparison. The values of F are given in Table I, Y in 
—— Table II, and Y¥ is plotted in Fig. 1 for a=2 to 
































F 
TABLE IT. The values of Y=2F/ne? for F given in 
Table I. 
a ra?/2 |\po/pi =0.0 0.1 0.2 0.5 1.0 — idee ee si : e 
1 1.571 | 0.7439 0.6342 0.5469 0.3764 0.2551 Y 
2 6.283 | 4.725 4.650 4.608 4.609 4.967 = 
3 14.14 | 11.68 11.93 12.16 12.79 13.57 
x | 15.50 | 12.94 13.19 13.42 14.04 14.78 . a Se 
(igo, as at a oo 1 | 0.4736 0.4038 0.3482 0.2396 0.164 
° ° J. J. Oc " 9) —c = = 
6 | 56.55 | 51.53 51.63 51.71 51.92 52.09 : — a a a ae 
& 100.5 | 93.95 94.01 94.06 94.17 94.26 "Os "Qe "R01 200° 9 ny 
4 .8670 .8748 .8819 .8997 918 
10 157.1 | 149.0 149.1 149.1 149.2 149.2 ry ; i = a 9212 
= 6 9113 .9130 9145 .9182 i 
15 353.4 | 342.0 342.1 4 : ‘OQ2ze “O2< 4 027 
0 628.3 | 613.8 . ‘9 8 .9346 .9351 .9356 .9368 .9376 
' 613. 9 9424 .9428 9431 9438 —.9443 
——- - — - — 10 .9488 .9490 .9492 .9497 .9500 
11 .9540 .9541 .9542 .9546 “a 
* For 105 King has 95 which I cannot verify. Repeated 15 9677 — 
calculations yield 105. 20 .9769 9770 





2 Brit. Assoc. Rep., p. 221, 1925. 
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FOR &>/5 USE: (I-Y) = 07365 @-1/SEG 





Fic. 1. The curves Y (ordinate) against a (abscissa) as given in Table II, For any curve po/p: is constant 
and has the value indicated. 


15. It must be kept in mind when judging Fig. 1 
that only integer values (and 7) of a were directly 
calculated. But for (po/p1)=0, 0.1, 0.2, this 
should be safe from a>3, while even with 
(po/p1)=90.5 or 1 it should be sufficiently safe 
after a=4 or 5. For the higher values of a the 
interpolation formula 


1— Y=0.7365e!-18e (7) 


gives Y for the 10, 11, 15, and 20 values to 
better than 0.1 percent (actually to several parts 
in 10,000), and may be used for extrapolation 
with very large a. 

During the calculations 7 significant figures 


were preserved in the Bessel function calculation 
and 6 in the calculation of the terms in the F 
series. The final constants should be accurate 
to the 4 places retained. 


CONCLUSION 


The calculations necessary to obtain constants 
relating radiation pressure of a plane progressive 
wave on a sphere to the acoustic energy density 
in the medium have been made so that one may 
with relative ease obtain the constants for all 
values of a=2zr/d from 0 to © with an accuracy 
of better than one percent. 
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Sound Measurement Objectives and Sound Level Meter Performance 


J. M. Barstow 
Bell Telephone Laboratories, New York, New York 


(Received May 20, 1940) 


The standardization of sound level meters is shown to have improved conditions in the 
field of sound measurement, although several characteristics thought to be desirable in visual 
indicating sound measuring devices are not fully realized in instruments conforming to the 
present standards. The extent to which certain sound measurement objectives have been 
realized in present sound level meters is discussed. Further work will undoubtedly be necessary 
before some of these objectives may be more completely realized. Present indications are that 
sound level meter limitations in regard to the approximation of sound jury loudness levels will 
be difficult to remove and at the same time retain reasonable apparatus simplicity. Some con- 
sideration is given to possible courses of action in regard to such limitations. 





SouND LEVEL METER STANDARDS 


RIOR to 1936 sound levels were measured in 
many different ways and the results were 
expressed in various forms and terms. The 
following examples illustrate a few of the ways in 
which sound levels were described. 

In the first issue of the Journal of the Acoustical 
Society, October, 1929, Mr. V. O. Knudsen! gave 
results of the measurements of sound levels pro- 
duced in auditoria by speakers. The measure- 
ments were made with a flat amplifier and were 
expressed in db above threshold, corresponding 
probably to a reference point about 5 db higher 
than the present reference point. 

In his book Speech and Hearing Dr. Harvey 
Fletcher? gives a table of noise magnitudes in 
different typical locations in terms of the thresh- 
old shifts of a certain buzzer sound produced by 
the noises studied. The magnitudes thus de- 
termined differ by about 25 db from present day 
sound level measurements. 

Measured sound magnitudes given in ‘‘A 
survey of room noise in telephone locations,”’ by 
Messrs. W. J. Williams and R. G. McCurdy,’ 
were obtained by means of a meter with a 
weighting approximating present 40 db weighting 
but with a reference point about 32 db higher 
than the present reference point. 

Street noise measurements made by Rogers H. 

1V. O. Knudsen, “‘The hearing of speech in audito- 
riums,” J. Acous. Soc. Am. 1, 56 (1929). 

2 Harvey Fletcher, Speech and Hearing (D. Van Nostrand 
Company, 1929). 

3 W. J. Williams and R. G. McCurdy, “A survey of room 


noise in telephone locations,”’ Trans. A.I.E.E. 49, 791-95 
(1930). 
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Galt! and published in the Journal of the Acous- 
tical Society of July, 1930, were obtained with a 
meter having approximately 40 db weighting 
and a reference point about 7 db higher than the 
present reference point. 

In April, 1931, a new noise meter was intro- 
duced and described by Messrs. T. G. Castner, 
E. Dietze, G. T. Stanton and R. S. Tucker? at the 
district meeting of the American Institute of 
Electrical Engineers, Rochester, New York. This 
instrument had characteristics similar to present 
day sound level meters but the reference point 
was about 14 db higher than the present reference 
point. 

Dr. E. E. Free, a prolific writer on sound 
measurements and associated problems, pub- 
lished results which varied from time to time as 
advances were made in methods and recognized 
standards. 

This is only a partial list of the various ways in 
which sound levels were measured and expressed 
but it serves to illustrate the need for the 
standardization which was brought about by the 
ASA Sectional Committee on Acoustical Meas- 
urements and Terminology sponsored by the 
Acoustical Society of America. Through the 
medium of the Technical Committee on Sound 
Levels and Sound Level Meters, a subcommittee 
of the Sectional Committee, the American tenta- 


* Rogers H. Galt, ‘Results of noise surveys. Part 1— 
Noise out of doors,” J. Acous. Soc. Am. 2, 30 (1930). 

5 T. G. Castner, G. T. Stanton, E. Dietze and R. S. 
Tucker, ‘‘Indicating meter for measurement and analysis 
of noise,” Trans. A.I.E.E. 50, 1041-1047 (1931). 
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tive standards for sound level meters® were 
drawn up. Judging from reactions of engineers 
interested in sound level measurements the 
standards have decidedly improved conditions in 
the sound measuring field largely because of the 
specification of certain characteristics such as the 
reference point, the over-all frequency responses, 
rule of combination of single frequency compo- 
nents and dynamic characteristics. 

During the four years that the standards have 
been in force practically all commercially avail- 
able sound level meters have been modified to 
conform to them. In a few instances the con- 
formity was not at first complete but as time has 
passed, tests have indicated better and better 
agreement with the specified characteristics. 

The standards have greatly simplified the 
interpretation of numerical results and a large 
amount of good work has been done with avail- 
able commercial instruments. 

Despite the fact that results obtained from 
meters conforming to the standards are in most 
instances quite comparable, and to a large extent 
indicative of loudness, the performance of sound 
level meters has been somewhat disappointing to 
some sound engineers interested in special prob- 
lems. These special problems are usually con- 
cerned either with the measurement of special 
noises in which the components contributing 
most of the meter indication lie within a narrow 
range of frequencies, or with the discrepancy 
between sound level meter results and loudness 
levels determined by aural observations. 

It was anticipated when the standards were 
set up that more would be expected of sound 
level meters than they would be capable of 
delivering in certain instances. The introduction 
to the standards states fairly well the purposes 
for which they were drafted. This introduction 
reads in part: 

“The purpose of a set of standards for sound 
level meters is to bring about a condition such 
that if a given noise of a general character is 
measured with any meter designed in accordance 
with the standards, the result will be substantially 
the same as that which would be obtained with 
any other similarly designed meter, and will 
approximate the loudness level which would be 





. . i 
American Tentative Standards for Sound Level 
Meters Z24.3 American Standards Association, 1936. 





obtained by the more elaborate ear-balance 
method described in the American Tentative 
Standards for Noise Measurements Z24.2—1936.? 

“Due to the complexities in the human hearing 
mechanism which cannot at present be ade- 
quately simulated in a sound level meter, it is 
expected that in many instances the approxi- 
mations to loudness level will not be close, 
although differences in loudness level may be 
more closely approximated. . . .” 

Two objectives are stated in this purpose, one 
concerning the equality of measurements of a 
general type of noise by sound level meters of 
different manufacture which meet the standards 
and the other concerning the approximation of 
sound levels, measured with instruments meeting 
the standards, to loudness levels determined by 
adequate sound juries. It may be said that in 
present sound level meters these objectives, as 
stated, have been achieved. However, within the 
framework of the present standards it would be 
desirable to obtain substantially equal results on 
special as well as general types of noise and it 
would be desirable to make the approximation to 
loudness levels obtained by sound juries good for 
all types of sounds. It is concerning the problems 
involved in attempting improvements of this 
sort that the remainder of this paper is devoted. 

In studying these problems certain unexpressed 
objectives must also be taken into account such 
as (1) simplicity of operation, (2) tolerances in 
frequency response sufficiently large that more 
than one particular combination of elements will 
satisfy all requirements, (3) reasonable cost of 
instruments. 


TOLERANCES IN OVER-ALL FREQUENCY 
RESPONSE 


When sound level meters which meet the 
standard requirements give different results on 
noises composed of a single frequency or of 
sound energy lying in a narrow band of fre- 
quencies, it is largely because of differences in 
over-all frequency response. The specified method 
of calibration is such that the response of a meter 
cannot be consistently high or low over the whole 
frequency range but in certain narrow regions the 


7 American Tentative Standards for Noise Measurement 
Z24.2, American Standards Association, 1936. 
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responses of different instruments may be near 
either the lower or the higher tolerances. Figure 1 
shows the 40 and 70 db weightings (A and B 
weightings, respectively) for sound level meters, 
which are incorporated in the standards, together 
with the tolerances. The drawing shows that at 
about 600 cycles the tolerances are about +2 db 
while at 60 cycles they are +3 db. At frequencies 
above 1000 cycles they grow larger and are 
approximately +6 and —10 db at 8000 cycles, 
the highest frequency for which specifications are 
given. 

It would be a simple matter on paper to 
eliminate variations in the responses of sound 
level meters of different manufacture by reducing 
the tolerances shown in Fig. 1 to some very 
small value such as +3 db. If this were done it is 
safe to say that no sound level meter now 
existing would meet the frequency response 
requirements. 

Fundamentally the tolerances are compromises 
between what is desired and what it is practicable 
to obtain and maintain. By the expenditure of 
great effort it would be possible to obtain a 
response essentially coincident with the design 
objective but the cost of such instruments would 
be prohibitive to many investigators who at 
present make good use of sound level meters 
whose responses fall within the present tolerances. 

There are three major reasons for the existence 
of differences in over-all frequency responses and 
these reasons are due largely to economies in the 
methods of manufacture of sound level meters. 
The usual method of producing a line of sound 
level meters is to produce an amplifier-indicator 
which has weightings such that these supplement 
the average shape of the response of the type of 
microphone to be used so that on the average the 
over-all design objective responses are met. 
However, a given microphone of the type chosen 
does not usually have the same shape of response 
as the average. It has been observed that given 
samples of a particular type of microphone will 
have responses at different frequencies which 
deviate by as much as 2 db from the average 
response for microphones of the same type, even 
after the average excess or deficiency in response 
has been taken out by using the standard 
calibrating method. This variation in microphone 
response must be taken into account in estab- 
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Fic. 1. Over-all free field frequency responses and tolerances 
for sound level meters. 


lishing tolerances. Second, amplifier-indicators 
will vary slightly in their frequency response due 
to variations in the elements employed in the 
weighting networks. Unless the cost of an 
amplifier is to be prohibitive, the response must 
be accepted if it falls within certain small 
tolerances. Lastly, there is uncertainty to the 
extent of a possible 0.5 db in the calibration of 
the microphone. The net result of combining 
elements having such variations is to obtain total 
variations in many cases exceeding those of the 
component elements. These total variations may 
also change with time under conditions of use. 
Hence it has been considered necessary to place 
limits on the variations which would be permitted 
in an instrument purporting to meet the sound 
level meter standards. 

The existence of such differences in response as 
are now permitted introduces problems for those 
who are interested in measurements of sounds in 
which the energy lies within a narrow band or ina 
few prominent single frequencies. It is hoped, 
however, that a better understanding of the 
factors involved will lead to methods of sur- 
mounting the difficulties encountered. Also, an 
understanding of the effect of tolerances on 
sound level meter readings should have an 
influence on the specification of limits for sound 
levels produced by various pieces of apparatus. 

There are a few ways in which the difficulties 
introduced by differences in frequency response 
may be to some extent mitigated. 

(a) The responses of the particular sound level 
meter used in the frequency regions occupied by 
the most important components of the sound 
being measured may be determined by special 
calibration. Account may then be taken of the 
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difference between these responses and the design 
objective response in correcting measured results. 
This necessitates a knowledge of the important 
frequencies in the noise. For some of the simpler 
noises composed practically of a single frequency 
or a narrow band of frequencies, this information 
may be available or may be determined by aural 
observation although the average ear is a fairly 
poor analyzer of sound waves. For the more 
complex sounds, an analyzer would be necessary, 
but for these sounds the sound level meter results 
would not vary greatly from the result which 
would be obtained by a meter meeting the design 
objective response precisely. 

(b) Sound levels may be computed from 
analyses of the sound. In the case of sounds 
composed of one or two single frequencies the use 
of an analyzer is simple and effective in obtaining 
data from which sound levels may be estimated. 
A questionnaire sent recently to several experts 
in the field of sound level measurements resulted 
in the expression of opinion that analyzers might 
well be considered the best solution for low 
frequency noise problems in which presumably 
only a few components were involved. 

(c) In cases where certain sound level limits 
must be met, working to limits more severe than 
those specified by amounts equal to the toler- 
ances for the most important frequency regions 
in the sound, should insure the meeting of the 
limits. This assumes that the limits are set with 
the design objective meter or are given with 
tolerances in terms of commercial instrument 
readings. This method of meeting a limit may or 
may not be feasible, depending upon the extent 
to which the noise is under control and the cost of 
making the required changes in noise level. If the 
limits are set with no tolerances in terms of the 
readings of a commercial instrument, the margin 
necessary to insure meeting the requirements 
would be twice the magnitudes of the tolerances 
in the most important frequency region. 

Aside from these methods of taking present 
tolerances into account, there is also some possi- 
bility that with the development of new and 
better microphones and better sound level meter 
elements, the tolerances may be reduced. The 
result of a recent questionnaire to experts on 
sound level meters in regard to reduction of 
tolerances below 1000 cycles resulted in the 
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opinion that any worthwhile reduction was not 
feasible yet largely because of the appreciable 
increase in cost that would be incurred. It should 
not be supposed, however, that this condition 
will persist forever. It seems likely that adequate 
demonstrations within the next few years of 
instruments whose responses fall well within the 
tolerances will result in a revision of the stand- 
ards in the direction of appreciably narrowing the 
tolerances. 


APPROXIMATION OF SOUND LEVELS TO LOUDNESS 
LEVELS 
General 


At the outset of a discussion on the approxi- 
mation of sound levels to loudness levels, the 
objective should be restated so as to put more 
emphasis on the factor of fundamental im- 
portance, namely that sound level meters should 
give equal results on sounds judged to be equally 
loud by an adequate jury of observers, whether 
or not the results are numerically equal to 
loudness levels. To the extent that a sound level 
meter meets this requirement, it is a good and 
useful instrument, whether or not loudness levels 
are closely approximated. 

The numerical approximation to loudness 
levels is an arbitrary factor in the original 
objective since loudness levels are by common 
consent arbitrarily defined. The importance of 
this arbitrary factor is distinctly secondary to 
that of the fundamental factor as is also the scale 
in which the results are expressed. The meaning 
of numerical values on any scale can come to the 
lay person only by experience gained from aural 
stimuli and a knowledge of the numbers of the 
arbitrary scale corresponding to these stimuli. 
The numers in the scale need not be proportional 
to a priori conceptions of loudness although the 
acquirement of the meaning of different numbers 
in the scale may be facilitated if this propor- 
tionality exists. An example of a widely used 
scale in which the numbers bear arbitrary rela- 
tions to the sensation experienced is the Fahren- 
heit scale of temperatures. More will be said on 
this topic later. 

The fundamental objective of obtaining equal 
results on sounds that are judged to be equally 
loud is not remote from the objective as origi- 

































































SOUND LEVEL OF ROOM NOISE ~ 40 DB WEIGHTING 





ia 


hy A» LEVEL ja ROOM NOISE 
(SOUND LEVEL OF EQUALLY LOUD 1000~ TONE) 


Fic. 2. Relations between sound levels and loudness levels 
of room noise as judged by 10 observers. 


nally expressed since, if the fundamental ob- 
jective were achieved, the objective as originally 
stated could also be achieved by the use of a 
simple set of corrections. The original statement 
of objectives may be misleading, however, in 
that emphasis may be falsely placed on numerical 
differences between sound levels and loudness 
levels when the factor of real importance is the 
spread among sound level readings of noises 
having equal loudness as judged by an adequate 
jury. 

Before describing certain data on the relation 
between sound levels and loudness levels, it 
would be well also to consider the nature of 
results obtained by a sound jury listening under 
standard conditions.’ In judging the magnitudes 
of two sounds, one being a 1000-cycle tone, to be 
equally loud, the single normal observer’s devia- 
tion from the average relation varies from zero to 
15 or 20 db and will be of the order of 5 to 10 db 
on the average. Figure 2 shows the results of 
judgment tests of this sort by ten observers of 
three different levels of room noise. Each indi- 
vidual observer’s results are marked by a symbol. 
It may be observed that certain observers rather 
consistently require relatively low levels of 1000- 
cycle tone to balance the room noise, while others 
consistently require greater levels. A few are near 
the average relation but on opposite sides at 
different levels. For a given level of room noise, 
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the greatest difference between the average anq 
an individual observer's magnitude of 1000-cycle 
tone judged to be equally loud is 17.5 db. The 
average deviation from the average relation js 
about 6 db. This information should be borne jp 
mind when considering the advantages to be 
gained in devising sound level meters which 
would read all noises as equal when they were 
judged to be equal by an adequate jury. If sucha 
meter were realized, comments would still be 
made from time to time that the objective was 
not achieved. These comments would be due to 
aural impressions made by listeners corresponding 
to those giving the extreme observations shown 
on Fig. 2. 

These deviations in no way invalidate average 
results but are meant to show that a sound level 
meter meeting the fundamental objective de- 
scribed above would not be a cure-all for negative 
observer comments. 


Relatively steady noises 


Data are now available to indicate that on 
certain types of noise there are systematic 
deviations between sound levels and loudness 
levels. The data also show that for many noises, 
sound levels measured with a sound level meter 
using a single weighting do not approach as 
closely to the fundamental objective of measuring 
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Fic. 3. Relations between sound levels and loudness 
levels of complex noises. R.m.s. rule of combination. 
(Two-frequency test gives 3.1 db results.) 
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SOUND LEVEL 
noises as equal when they are judged to be equal 
by an adequate jury, as do those sound levels 
obtained with approximately the correct weight- 
ing for the level of sound being measured. This 
is illustrated by Figs. 3 and 4. 

Figure 3 shows the relation between loudness 
levels and sound levels in which only one 
weighting, the 40 db or “A”’ weighting specified 
in the Standards, was used. In this figure, each 
solid line represents the sound level-loudness 
level relation for a given type of noise. The 
dashed line represents a 1:1 relation between 
sound levels and loudness levels. The lines were 
drawn as the straight lines of best fit through 
three points for each different type of noise. 
Each point was the average of the observations 
of ten observers, listening under approximately 
standard conditions.’ These average points are 
shown on the drawing. It is not assumed that 
the ten observers form an adequate sample of 
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Fic. 4. Relations between sound levels and loudness 
levels of complex noises. Sound levels corrected for proper 
weighting, r.m.s. rule of combination. (Two-frequency test 
gives 3.1 db result.) 


the universe of observers, nor will great accuracy 
be assumed for the results. It is believed, how- 
ever, that the results are sufficiently accurate to 
be used for comparative and illustrative purposes. 

The four noises for which the relations are 
given were chosen so as to differ greatly in 
frequency composition, one being a band of 
thermal noise approximately three-fourths of an 
octave wide, extending from 90 to 160 cycles, 
the second another band of thermal noise 
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approximately a half-octave wide extending from 
1700 to 2400 cycles, the third a noise having a 
frequency composition simulating fairly closely 
that of average room noise, and the fourth a 
noise derived from a mercury arc rectifier. The 
frequency compositions of these noises are shown 
in Figs. 5, 6 and 7. The noises were reasonably 
steady, although the bands of thermal noise, 
particularly the low frequency band, produced 
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Fic. 5. Frequency composition of thermal noise bands. 
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Fic. 6. Frequency composition of room noise 
used in loudness balances. 
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Fic. 7. Frequency composition of rectifier noise 
used in loudness balances. 


variations in sound level meter readings in the 
order of 3 or 4 db. 

The loudness level-sound level relation shown 
in Fig. 3 for the band of thermal noise extending 
from 1700 to 2400 cycles is almost coincident 
with the desired relation. For the room noise the 
loudness levels are several db greater than the 
corresponding sound levels and for the low 
frequency thermal noise and the rectifier noise 
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the loudness levels are both greater and increase 
more rapidly with changes in levels than do the 
sound levels. 

Figure 4 shows the results of the same tests 
except that in this case the results have been 
corrected so as to effectively bring into play the 
proper weighting at the various sound levels 
tested. The effect of using the proper weighting 
is particularly pronounced in the case of the low 
frequency thermal noise band and will be of 
importance in all noises having predominant low 
frequency components. It may be seen that in 
this figure the spread between the maximum and 
minimum sound level for a given loudness level 
is slightly smaller on the average than the corre- 
sponding spread shown in Fig. 3. 

The sound level meter results plotted in Figs. 
3 and 4 were obtained with a sound level meter 
meeting the American Tentative Standards for 
Sound Level Meters and having the three 
weightings specified, namely, the 40, 70 and flat 
weightings. No intermediate weightings were 
available but the levels between 40 and 70 and 
those above 70 were corrected by means of a 
chart designed to enable one to interpolate 
between the readings obtained with the three 
weightings in such a manner as to obtain 
approximately the reading which would have 
been observed had the correct weighting for each 
level been available. Sound levels obtained in 
this way might be called interpolated sound 
levels. This chart, which may be useful to others 
in bringing about a more nearly predictable 
relation between sound levels and loudness levels, 
is given together with a description of its 
derivation in Appendix I. 

It has become commonplace to measure noises 
of all levels with a single weighting, largely 
because of simplicity, and in some cases perhaps 
because of the lack of other weightings. It should 
not be expected that measurements of this sort 
will yield equal magnitudes for noises judged to 
be equally loud, especially if the noises have 
predominant low frequency components. 

It will be noticed, that the rectifier noise 
which had a large number of large and well- 
spaced components is not affected by the differ- 
ence in weighting. So much energy in this noise 
lay above 1000 cycles that the components 
below 1000 cycles did not affect the results when 
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Fic. 8. Relations between loudness and loudness level. 


their importance was materially changed by 
weighting. The relation between loudness levels 
and sound levels shown for the rectifier noise 
has two important characteristics, (a) all sound 
levels are lower than the corresponding loudness 
levels, (b) as the sound level of the noise is 
increased, the loudness level also increases but 
at a somewhat faster rate. These results are 
qualitatively in agreement with what would be 
predicted in the methods evolved by Dr. H. 
Fletcher and W. A. Munson® for estimating the 
loudness levels of complex noises. From. their 
treatment of the subject it can be shown that 
sound levels of complex noises of the type of this 
rectifier noise would always be smaller than the 
corresponding loudness levels. The following 
example is given to illustrate this point. 
Figure 8 shows the curve of loudness vs. loud- 
ness levels given in the Standards for sound 
measurements. Let us assume that the following 
experiment is performed. Under standard con- 
ditions for determining loudness levels a 500- 


8 Harvey Fletcher and W. A. Munson, ‘“‘Loudness, its 
definition, measurement and calculation,’ J. Acous. Soc. 
Am. 5, 82 (1933); “Relation between loudness and mask- 
ing,”’ thid. 9, 1 (1937). 
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SOUND LEVEL 
cycle tone is set up having a 40-db loudness 
level. In succession 9 other tones are set up, each 
at a loudness level of 40 db and so well spaced 
over approximately 8000 cycles that the loudness 
of one will have no masking effect on the loud- 
ness of another when they are sounded simul- 
taneously. It will be further assumed that a 
sound level meter with 40 db weighting would 
read each of these tones as 40 db. Finally, let all 
of the tones be sounded simultaneously and let 
the loudness level and sound level of the resulting 
sound be measured. The sound level will be 
approximately 50 db since the effect of any 
change in weighting in the 500-cycle component 
will be negligible in comparison with the weighted 
powers of the other components, and also since 
a ratio of 10 : 1 in weighted power corresponds 
to 10 db change in level. The loudness level may 
be determined from Fig. 8 by noting that if the 
single frequencies had no mutual effects on one 
another, the loudness would be 10 times the 
loudness of one sounded alone and would there- 
fore be approximately 10,000 -loudness units 
(a sound having 40-db loudness level has a 
loudness from Fig. 8 of approximately 1000 
loudness units). The 10,000 loudness units corre- 
spond to a loudness level of somewhat over 
70 db. This would indicate a discrepancy of 
some 20 db between the sound level and the loud- 
ness level of the complex noise, assuming that 
the sound level and the loudness levels of the 
single frequency noises were exactly equal. This 
is the same sort of phenomena observed in 
Fig. 4, except that in the test results the dis- 
crepancies are not so large as would be predicted 
from the experiment just described. This may be 
due in part to the fact that all the important 
components of the rectifier noise are not equal 
in magnitude and also to the rather close spacing 
of some of the important components, which 
would cause them to produce mutual masking 
and thus render the loudness not directly addi- 
tive. Against this, it must be noted that there 
are more than 10 components in the rectifier 
noise which would have an effect on the total 
loudness. 

The other characteristic of importance, namely 
the slope of the sound level-loudness level rela- 
tion for the rectifier noise shown in Fig. 4 has 
been observed for other very complex steady 
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noises and also for some intermittent noises. This 
type of relation increases the spread of sound 
levels corresponding to a given high loudness 
level over that obtaining at low loudness levels. 

A relation of this type would be expected from 
calculations based on the methods of Dr. Fletcher 
and Mr. Munson.® In the same experimental 
set-up described above, assume that the tones 
are so adjusted that they are equally loud when 
sounded separately and that when they are 
sounded simultaneously the loudness level is 
40 db or about 1000 loudness units. The loudness 
of one component then would be 100 loudness 
units or 20 db, which, let us assume is the sound 
level (with correct weighting) of each of the 
tones. Then the sound level of the 10 simul- 
taneously sounded tones would be about 30 db 
(20+10 logi9=30). Thus the estimated discrep- 
ancy at a loudness level of 40 would be 10 db. 
The discrepancy observed from Fig. 4 is about 
5 db, again a smaller difference than that given 
by the described experiments. 

One method which has been suggested for 
reducing the discrepancy between sound levels 
and loudness levels and possibly also the spread 
in sound levels for a given loudness level is to 
use a different rule of combination in the recti- 
fier; a rule, for example, such that the meter 
indications will more nearly correspond to the 
peak of the electrical counterpart of the weighted 
sound wave than to its root mean square value. 
The rule of combination in a rectifier has a 
direct bearing on what characteristics in the 
alternating wave form are given importance in 
the production of the direct-current indication 
which is observed, i.e., whether the ‘‘average,”’ 
“r.m.s.,” or “‘peak’’ value of the alternating 
wave is the magnitude which may be derived 
from the d.c. output. A brief technical treatment 
of this characteristic of a rectifier is given in 
Appendix II. 

The effect of measuring sounds with a peak 
indicating device would, in fact, raise the meas- 
ured sound levels of most sounds since the 
calibration of the instrument is made with a 
sine wave and the peak factor of most sounds 
measured with sound level meters is greater than 
that of a sine wave. 

In order to determine the effect of the sound 
level-loudness level relations for the four noises 
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Fic. 9. Relations between sound levels and loudness 
levels of complex noises. Sound levels corrected for proper 
weighting. Complex noises measured with approximately 
peak reading meter. (Two-frequency test gives 5.6 db 
result.) 


already described, these noises were measured 
with the same sound level meter used in obtain- 
ing the results illustrated in Figs. 3 and 4, 
except that the output circuit was altered so 
that the indication corresponded more nearly to 
the peak value of the weighted wave. 

The results of these measurements are shown 
in Fig. 9. The extent to which a peak reading 
device was realized is given on the drawing by 
the notation concerning the results obtained for 
two frequency tests (cf. Appendix II). If two 
frequencies are adjusted so that each alone will 
produce the same reading on a peak reading 
device they will yield a result 6 db greater when 
they are sounded together.* The closest approach 
to this with the apparatus used yielded a result 
5.6 db greater than either single frequency alone, 
as indicated in Fig. 9. Interesting results ex- 
hibited in Fig. 9 are as follows: (a) The spreads 
of the sound levels at given loudness levels are 
greater than those shown in Fig. 4. (b) The slope 
of the rectifier noise curve is about the same as 
in Fig. 4. (c) The average magnitude of the 
sound levels at a given loudness level is greater 
than the corresponding loudness level. 


* This assumes that two appreciably different frequen- 
cies are used, which are not harmonically related. 


BARSTOW 


Since the spreads in the results are greater 
than those shown in Fig. 4 a sound level meter 
using this particular rule of combination in the 
rectifier would be a poorer meter than one em- 
ploying the r.m.s. rule of combination. 

Measurements of levels of the four noises 
judged to be equally loud were made with other 
variations in the rectifier rule of combination 
between the r.m.s. rule and the peak rule. 
Figure 10 shows the results for which the spread 
in sound levels at given loudness levels was the 
least, for the cases tested. This rule of combina- 
tion was such that a two-frequency test yielded 
the result 4.9 db as indicated on the drawing, 
This figure shows improvement in approximation 
to loudness levels and a slight improvement in 
spread. 

Reviewing Figs. 3, 4, 9 and 10 the following 
two important conclusions applying strictly only 
to the data and conditions described herein may 
be drawn. 

(1) Interpolated sound levels should be used, 
rather than sound levels with only one weighting 
in order to approach more closely to the ob- 
jective that equal sound levels be obtained for 
sounds judged to be equally loud. This result is 
obtained from comparisons of Figs. 3 and 4. 

(2) In the matter of approach to the funda- 
mental objective of measuring sounds as equal 
when they are equally loud, the r.m.s. rule of 
combination is only slightly inferior to the 
particular quasi-peak rule used. The difference 
in spreads with the two rules of combination for 
the noises tested are as follows: 


Loudness Level 50 70 90 
Dif. in Spreads 1.7 db 0.7 db 1.0 db 


In addition to these conclusions of rather 
primary importance it will be observed that the 
slope of the rectifier noise curve is about the 
same in all the figures. The reason for no change 
in slope for Fig. 3 to Fig. 4 has been given. 
From the other figures it is also apparent that 
the slope of relations of this sort cannot be 
greatly altered by a change in the rule of com- 
bination in the rectifier. The reason is that a 
change in rule of combination gives the same 
change in meter reading for a given noise at any 
level and hence causes a translation of the 
position of the relation but not a change in slope. 
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Slight changes in slope may be caused indirectly 
when readings greater than 70 db are used in 
obtaining interpolated sound levels. 

The positions and slopes of the sound level- 
loudness level relations are determined by the 
manner in which the human hearing mechanism 
weights single frequency and complex frequency 
sound energy at low and high levels. For a single 
frequency this change in loudness with increasing 
energy level is shown in the loudness-loudness 
level curve of Fig. 8 by the change in slope 
between loudness levels of 20 and 50 db and also 
slight changes at higher levels. This major 
change in slope at loudness levels of about 30 db 
is equivalent to a change in the rule of combina- 
tion in an objective device, i.e., a change in the 
particular characteristic of the alternating wave 
regarded as of most importance in a determina- 
tion of its aural magnitude. At the lowest loud- 
ness levels the loudness of 1000-cycle tone is 
nearly proportional to the square of the ‘‘effec- 
tive’ sound pressure; at a loudness level of 
about 25 db the loudness is about proportional 
to the first power of the ‘“‘effective’’ sound pres- 
sure, at levels above 40 the loudness is approxi- 
mately proportional to the two-thirds power of 
the ‘‘effective’” sound pressure. 

If the relation between weighted effective 
pressure and loudness as appreciated by the ear 
were dependent only on level, equally loud 
single frequency or complex sounds would be 
measured as equal by an r.m.s. measuring de- 
vice, since at each level the r.m.s. value would 
bear the same relation to loudness as that 
determined for a single frequency sound. Since 
the manner in which the loudness adds up, 
however, is dependent on frequency separation 
of components it becomes apparent that the 
relation between loudness and effective pressure 


is dependent on both level and complexity of . 


sound. 

The conclusion reached by deduction from the 
curve of Fig. 8 and the known dependency of 
loudness on proximity of components may also 
be reached by inspection of the results given in 
Figs. 4, 9 and 10. Consider for example the 
proposal to compensate for the change in rule 
of combination of the ear by changing the rule 
of combination in the visual indicating meters 
with level, in somewhat the same way as weight- 
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ing is now changed with level. From Figs. 4, 9 
and 10 it may be seen that, using the r.m.s. rule 
at low levels and the peak rule at high levels 
would tend to make the relation for the rectifier 
noise more nearly a 45-degree line. If a peak rule 
were used at high levels in order to bring the 
high sound levels of rectifier noise up as near as 
possible to the corresponding loudness levels, 
the relations for the thermal noise bands would 
be as indicated on Fig. 9 at high levels. This 
would mean a larger spread for the different 
noises than that obtained with an r.m.s. device. 
Thus it would appear that the rule of combina- 
tion should change with level for complex noises 
but not for single frequency or narrow band 
noises. This sort of dependency of the rule of 
combination on both level and complexity should 
of course be expected, since the equal loudness 
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Fic. 10. Relations between sound levels and loudness 
levels of complex noises. Sound levels corrected for proper 
weighting. Complex noises measured with quasi-peak 
reading meter. (Two-frequency test gives 4.9 db result.) 


contours for single frequencies from which the 
sound weightings were derived were arbitrarily 
based on the r.m.s. values of the single frequency 
waves, and relative to loudnesses thus defined, 
the loudnesses of complex sounds will not bear a 
unique relation unless the human ear sums 
components according to the r.m.s. rule. 
Reducing the foregoing detailed discussion into 
the simplest terms, it may be stated that when 
the human hearing mechanism is subjected to 
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sound levels of 40 db or higher, the loudness 
appears to be greater if the energy in the sound 
is well distributed over the audible frequency 
range than if the energy is concentrated at a 
single frequency or in a narrow band of fre- 
quencies. It follows that in order to adjust the 
loudness of a 1000-cycle tone to be as great as 
the loudness of a complex noise, the sound level 
of the single frequency tone must be made greater 
than the sound level of the complex noise. This 
characteristic of hearing may not be simulated in 
a visual indicating device by progressive changes 
in the rule of combination unless these changes 
are made to depend both on level and complexity 
of the sound being measured. 

Although from the data presented herein the 
quasi-peak rule of combination in a visual indi- 
cating instrument is slightly better than the 
r.m.s. rule there are other characteristics of the 
quasi-peak rule which make it rather undesirable 
for use in a sound level meter. These charac- 
teristics are involved in the computation of 
sound levels either by analysis or by summation 
of contributions from specific noise sources. 

The only rule of combination by which com- 
ponents combine in a manner independent of 
phase relation is the r.m.s. rule. (See Appendix 
II.) The necessity for specifying phase relations 
in sound computations would so tremendously 
complicate these problems as to render them 
impossible of accurate solution in most practical 
cases. It would seem that sacrifice of the r.m.s. 
rule of combination would not be justified by 
the minor advantage of the quasi-peak rule as 
seen in comparing the spreads of the sound levels 
in Figs. 4 and 10. 


SOUNDS OF SHORT DURATION AND INTER- 
MITTENT NOISES 


Sound level meters are used to measure all 
sorts of acoustical disturbances ranging from 
isolated clicks to steady hums. The response of a 
sound level meter to a click or short sound 
enduring less than 100 milliseconds involves the 
overload capacity of the amplifier and rectifier 
as well as the dynamic characteristics of the 
indicating instrument. These characteristics were 
not completely specified in the standards be- 
cause it was not known with certainty what the 
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characteristics should be. Aside from the meter 
characteristic there is still a question regarding 
the meaning of the “loudness” of a click. The 
concept of loudness level in the defined sense of 
equality in loudness to a steady 1000-cycle tone 
may not be as fundamentally useful, especially 
when the difficulties of making the loudness 
balances are considered, as some other concept 
such as the equality of various types of clicks 
to an arbitrarily defined standard click. Data of 
this sort on clicks and the data on steady sound 
could be related by a comparison of the standard 
click and the reference tone. Much experimental 
work and analysis of the results to determine 
what characteristics of the sounds of short 
duration bear a definite relation to aural im- 
pression, remains yet to be done. Until this work 
is done there is little to be said concerning the 
characteristics which visual indicating meas- 
uring devices should have in order to measure 
such sounds correctly. 

Although no specification can be made at 
present to insure equal visual indications for 
clicks of equal loudness, general observations 
have been reported indicating that when a click 
is heard in the presence of steady noise the aural 
impression of momentary increase in loudness 
leads one to expect a greater change in sound 
level than is visually observed in the correspond- 
ing readings of a sound level meter meeting the 
present standards. 

This would be the conclusion that would be 
drawn from Békésy’s*®!° work on relatively high 
level sounds of short duration. Bekesy’s tests 
indicated that the loudness of short sounds 
depended very largely on level and to a much 
smaller extent on frequency. For sound levels of 
the order of 80-90 db the relation which he 
determined between loudness level and time of 
duration for short spurts of tone is given on 
Fig. 11, curve A. For sound levels from about 
zero to about 45 db his results are shown on 
Fig. 11, curve B. The tests from which this 
curve was derived were comparison tests in 
which spurts of tone of various lengths were 
compared with a tone lasting for 100 milli- 

9G. v. Békésy, ‘Theory of hearing; vibration of basilar 
membrane; fatigue effect,” Physik. Zeits. 30, 115-25 (1929). 

10 G. v. Békésy, “Theory of hearing; the just perceptible 


changes of amplitude and frequency of a tone; the theory 
of beats,” Physik. Zeits. 30, 721-45 (1929). 
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seconds. No results were obtained for tones 
lasting longer than 100 milliseconds, but in 
Fig. 11 for comparative purposes the curve has 
been drawn so that if extended it would pass 
through zero db at 200 milliseconds. 

There is no specification in the Standards for 
sound level meters for the readings of the instru- 
ment on sounds enduring for less than 100 milli- 
seconds. Figure 11, curve C, shows a measured 
characteristic of one type of sound level meter 
for sounds of short duration. The slope of this 
response seems to be roughly the same as that of 
Békésy’s relation for low level sounds. Assuming 
that Békésy’s relations are correct, the loudness 
of a click would appear to change at a more 
rapid rate with change in level, than the loudness 
of a steady 1000-cycle tone. This is similar to the 
relations observed for the loudnesses of low 
frequency tones, and similar also to the relation 
shown above for the rectifier noise. If this is the 
case, it would be expected that loudness balances 
designed to obtain loudness level-sound level 
relations would give results similar to those for 
the rectifier noise, since a click may be thought 
of as the sum of a series of sine and cosine waves 
and is therefore a ‘‘complex”’ sound. 

Little more is known concerning the relation 
between loudness level and sound levels of sounds 
composed of recurring clicks and pulses than is 
known of the similar relation for isolated clicks. 
Tests of a few sounds of this sort indicate a 
general relation similar to that for rectifier noise 
shown in Fig. 4, i.e., with increasing levels, 
loudness levels increase more rapidly than sound 
levels. Sounds of this sort often have low fre- 
quency components of importance so that the use 
of interpolated sound levels aids materially in 
meeting the fundamental objective of measuring 
the sounds as equal when they are equally loud. 


REVIEW 


In the preceding sections the discussion of 
physical stimuli and the relation between their 
evaluation by aural methods and by means of 
visual indicating devices suggests certain pro- 
cedures for reducing the variation in the meas- 
ured sound levels of equally loud sounds. These 
procedures vary greatly in their practicability. 
While most of the ideas involved are not new, 
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Fic. 11. Responses to tones of short duration. 


the intention has been to reduce these ideas to 
actual practices which might be applied. At the 
same time the attempt has also been made to 
maintain a fairly broad outlook so as not to 
seriously complicate one phase of the problem in 
order to make minor improvements in another. 

The following is a summary of the important 
results and practices which have suggested them- 
selves as a result of the discussions given: 

(1) In regard to tolerances in over-all fre- 
quency response it is desirable to know the actual 
response of the instrument being used as accu- 
rately as practicable (say to within 1 db) at all 
frequencies. This enables small corrections to be 
made in cases where something is known about 
the frequency composition of the sound being 
measured and therefore is of considerable im- 
portance in routine measurement on sounds 
having nearly the same frequency composition 
to determine the adequacy with which certain 
limits are met. 

(2) In comparing measurements of a wide 
variety of types and levels of noise it is desirable 
that interpolated sound levels (see Appendix I) 
be used in order that the fundamental objective 
of obtaining equal results for equally loud noises 
may be more nearly achieved. 

(3) Until the net advantages to be gained by 
the use of a quasi-peak rule of combination are 
greater than now perceived it will be desirable 
to employ an r.m.s. rule of combination in the 
rectifier. Retaining this rule of combination 
retains automatically the maximum simplicity 
of calculating sound levels from primary data. 

(4) On the average, interpolated sound levels 
will be lower than corresponding loudness levels. 
Interpolated sound levels for single frequency or 
narrow frequency band sounds will closely ap- 
proximate loudness levels. Interpolated sound 
levels for moderately complex sounds but those 
in which the controlling energy at any particular 
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level lies within two or three octaves will be 
lower than loudness levels by 5 to 10 db. Inter- 
polated sound levels for very complex noises in 
which components of approximately equal mag- 
nitude are rather uniformly spaced over the 
whole audible frequency range will be lower than 
loudness levels by 5 to 15 db, in general lower 
differences holding for low levels and higher 
differences holding for high levels. In cases 
where it is desirable, corrections may be made to 
sound level readings in order to obtain more 
nearly equal results on sounds judged to be 
equally loud. 

(5) Intermittent sounds act somewhat like 
wide band complex sounds. Appropriate correc- 
tion should be determined by tests. 

(6) Further tests are necessary to determine 
the adequacy with which sound level meters 
measure clicks. 


ANALOGY 


As has been stated above sound level meters 
conforming to the present standards measure the 
r.m.s. magnitudes of the weighted electrical 
counterparts of sound waves. These “‘effective’’ 
magnitudes are the most convenient and perhaps 
the most fundamental magnitudes to measure 
since they are associated with the weighted 
energy in the sound wave through simple and 
well-known formulae. While the loudnesses of 
single frequency and narrow band noises have 
been defined in terms of r.m.s. magnitudes, the 
response of the ear, not conforming to this rule 
(or apparently to any other single rule) disagrees 
with the meter responses on complex noises so 
that meter results on noises of widely different 
complexities are not equal when the noises are 
equally loud. The spread in meter magnitudes 
for equally loud sounds is not great compared to 
the range of levels covered and at any loudness 
level the spread in sound level magnitudes is 
roughly known to be a function of the type of 
sound. This situation in many respects is similar 
to that which obtains in regard to the sensation 
of warmth and the measurement of temperature. 

Measurements of temperature are based on 
certain physical properties of matter and it is 
well known that equal sensations of warmth do 
not necessarily occur for equal measured air 
temperature, due to humidity and also, as has 
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lately been learned, to the manner in which the 
human body acquires heat energy," i.e., whether 
the heat is acquired from radiant energy or other 
forms. The comfort zone of temperatures extends 
over several degrees Fahrenheit, due to humidity 
and observed variations among the judgment of 
individuals, and over a good many more degrees 
when the type of heat producing the sensation of 
warmth is varied. 

As related to warmth sensation the scales of 
temperatures used are quite useful although they 
are at the same time quite arbitrary and in no 
way designed to be direct functions of sensation. 
This usefulness is due to personal experience jn 
the relation between sensations and the nv- 
merical magnitudes of the temperatures associ- 
ated with them. 

The decibel scale, used in describing sound 
levels, is also rather arbitrary but quite con- 
venient in that it covers the auditory range of 
levels in a series of numbers extending from 0 to 
about 125. As in the scale of temperatures its 
usefulness depends on personal experiences of the 
relation between magnitudes on the scale and 
corresponding aural sensations. Until such per- 
sonal experiences become more common a certain 
amount of confusion will exist concerning the 
meaning of sound levels expressed in decibels. 
The same would hold true for any other scale 
used in describing sound levels. 

As a result of this comparison it is reasonable 
to suggest that sound level meters be regarded 
as ‘‘sound thermometers,” and that the relation 
between sound levels and loudness sensation be 
regarded as somewhat similar to the relation 
between degrees Fahrenheit and the sensation 
of warmth. Sound level meters measure a definite 
and definable quantity associated with the sound, 
and thermometers measure a definite and de- 
finable quantity associated with the temperature. 
In neither case do human sensations have single 
valued relations to the quantities measured but 
in both cases information is available on the 
manner in which the sensations vary with 
the quantities measured. For more accurate work 


lL. W. Schad, “Obtaining comfort conditions by con- 
trolled radiation from electrically heated walls,” Trans. 
A.1.E.E. 52, 1074-1081 (1933); F. C. Houghton and Paul 
McDermott, ‘‘Cold walls and their relation to the feeling 
of warmth,” Heating, Piping and Air Conditioning, Jan. 
(1933), p. 53-58. 
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Fic. 12, Sound levels of common sounds (db referred to 
10—* watt per sq. cm. at 1000 cycles). 


in the sound field, estimates of the effects of 
types of sounds may be taken into account as 
described in the above discussion, whereas in the 
field of temperature, conditions can be fixed 
more definitely by the control of humidity and 
type of heat transmission. 

Figure 12 shows the sound levels of some 
common sounds in a manner which has been 
used before and which aptly carries out the 
suggestion of considering sound level meters as 
sound thermometers. 

By taking advantage of scientific advances in 
the production of elements of which sound level 
meters are composed and by giving full recogni- 
tion as to the nature and meaning of the results 
obtained it seems reasonable to expect that the 
instruments will be increasingly useful in the 
future. 


APPENDIX I 


Interpolation between sound level meter readings obtained 
with different weightings 


If three frequency responses are avilable in a sound level 
meter such as the 40 db, 70 db and flat weightings given 
in the American Tentative Standards for Sound Level 
Meters, it will be possible, in general, to obtain three read- 
ings for each sound measured, one reading for each fre- 
quency response. Under certain conditions these readings 
may be almost identical, such as for instance a condition 
in which most of the components of the noise are in the 





METER PERFORMANCE 163 


region 500 to 8000 cycles per second. Under other condi- 
tions the readings may be decidedly different as in a case, 
for example, in which the chief contributing frequencies 
lie below 400 cycles. In this latter case it is desirable to be 
able to use the three readings obtained in such a manner 
as to derive the single reading which would have been ob- 
tained had there been available the correct weighting i.e., a 
weighting corresponding to an equal loudness contour for 
the particular sound level measured. This appendix de- 
scribes a method of obtaining this single result by means 
of the readings obtained and a chart for use with them. 

When different readings are obtained on a given sound 
with the weightings available in the meter the magnitude 
of the differences between the readings gives a rather 
general indication of the frequency composition of the 
noise, Since the amount of correction to be applied to 
one of the readings in order to obtain the reading which 
would have been obtained had the correct weighting been 
available is dependent on the frequency composition of the 
noise measured, the amount of the correction may be con- 
sidered as a function of the differences between the readings. 

In order to obtain some idea of the form of the function a 
simple table may be set up showing meter readings with 
several different weightings for various magnitudes of a 
given low frequency noise, say 180 cycles. In order to set 
up a table of this sort it will be necessary to know not only 
40 db, 70 db and flat weightings but also weightings in 
between these, say at 10-db intervals. Figure 13 shows 
weightings at 10-db intervals between 40 db and 100 db. 
By means of these curves Table I may be set up giving the 
readings of given magnitudes of 180-cycle sound with the 
40 db, 50 db, 60 db and 70 db weightings. 

This table shows that there is 3 db less discrimination 
against a 180-cycle tone in the 50 db weighting than in the 
40 db weighting, 3 db less in the 60 than in the 50 db 
weighting and 3 db less in the 70 than in the 60 db weight- 
ing. Thus the 180-cycle noise having a loudness level of 40 
would give a sound meter reading of 40 when the 40 db 
weighting was used, a reading of 43 when the 50 db weight- 
ing was used, etc. If, therefore, a meter having 40 and 70 
db weightings give readings of 40 and 49 on this noise the 
reading of 40 would be used with no correction. On the 
other hand, if a 180-cycle noise having a loudness level of 
50 were measured with the same meter the results as shown 
by the table would be 47 and 56, for 40 and 70 db weight- 
ing, respectively, and the correction to be applied to the 
reading with the 40 db weighting would be +3 db. For a 
180-cycle noise having a loudness level of 60 db the readings 
would be 54 and 63 with the 40 and 70 db weightings, 
respectively, and the correction to the reading with the 40 
db weighting would be +6 db. 

The correction function for this particular noise is shown 
graphically in Fig. 14, being the line labeled “9” in the 
upper set of lines. The figure “9”’ represents the difference 
between the 40 and 70 db readings for this particular 
sound. In Fig. 14 the abscissae values represent sound 
level readings with 40 db weighting (upper set of lines) or 
with 70 db weighting (lower curves). The ordinates are 
the corrections to be applied to sound levels with 40 or 70 
db weighting as designated, and the numbers on the curves 
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Fic. 13. Sound level weightings. Number opposite 
each curve designates equal loudness contour on which 
curve is based. 


represent the db differences between readings with the 40 
and 70 db weighting (upper curves) or differences between 
70 db and flat readings (lower curves). The different curves 
and lines shown on the drawing were obtained by the same 
process as that described above for different frequencies 
which gave various differences between meter readings for 
the various weightings as shown by the figures on the 
curves. An example of the manner in which the curves 
are to be used is given as follows: Assume 


Sound level meter reading with 40 db weighting = 50 db 
Sound level meter reading with 70 db weighting = 55 db 


to determine the best interpolated magnitude of sound 
level. Since the magnitude with the 40 db weighting is 
above 40 and with the 70 db weighting is below 70, the 
upper set of curves will be used. Since the difference is 5 
db the line marked 5 will be used. Since the 40 db reading 
is 50 the correction to be applied to this reading will be 2 db. 
Hence the best interpolated magnitude of the sound level 
is 50+2=52 db. 

Strictly speaking this method of interpolating between 
sound level meter readings is rigorous only for single fre- 
quency noises. For complex noises the equivalent single 
frequency noise determined by the difference between read- 
ings with different weightings would gradually shift as 
the weighting was changed if all weightings were available. 
However, computations on complex noises have shown that 
the error in the interpolated results for such noises is 
usually less than one-tenth of the magnitude in db of the 
correction made. The amount of the error in using this 
method for complex noises is also reduced by interpolating 
in two steps, namely, between 40 and 70 db and between 70 
and 100 db. 

In the case of the upper set of lines in Fig. 14 noises giv- 
ing sound level meter readings of less than 40 db with a 
40 db weighting may be extrapolated to very close to their 
correct magnitudes by use of the curves extended below the 
0 axis. This assumes that the 30 db weighting as plotted 
in Fig. 13 will bear the same relation to the 40 db weighting 
as the 40 db weighting now bears to the 50 db weighting. 

In rare cases it may be found that the reading with the 
70 db weighting will be lower than that of the 40 db weight- 
ing. This would be the case if the noise were concentrated 
in the region close to 3000 cycles per second. In these rare 
cases the difference between the two readings should not 
exceed about 2 db and a correction will not be needed. _ If 
however, it is desired to make a correction the curves on 
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Fig. 14 can be used in the same manner as described above 
except that all corrections should have their signs changed 


APPENDIX II 
Rules of combination in rectifiers 


The rule of combination in a rectifier has to do with the 
relation between the d.c. output and the alternating input, 
This particular characteristic of a rectifier has been termed 
rule of combination because it has a direct bearing on how 
a combination of single frequency components on the a,c. 
side of a rectifier affects the d.c. output. The indicating 
instruments associated with most noise measuring devices 
are d.c. instruments and are operated by the d.c. output 
of an element which rectifies the weighted and amplified 
noise waves. 

The a.c. input to a rectifying element may have any 
wave shape from that of a sine wave to a wave form pro- 
duced by an infinite number of components within the fre- 
quency range of the weighting network. In wave theory 
three types of expressions have been used to denote wave 
magnitude. These are the average, the r.m.s. and the peak, 
The most common and most important of these is the 
r.m.s. or effective magnitude. 

For any particular wave form, the average magnitude is 
equal to the quotient of the total area between the wave 
form and the zero coordinate or time axis (regarding areas 
both below and above the axis as positive) divided by the 
magnitude of the time factor involved in the areas. The 
r.m.s. or effective magnitude can be found by squaring 
each instantaneous magnitude, summing the resulting 
areas (which will always be positive as the result of the 
squaring action), dividing by the time factor involved in the 
areas and extracting the square root of this quotient. 
The peak magnitude is the magnitude attained by the 
highest peak (either positive or negative) in the time con- 
sidered. 

For a sine wave unique relations hold between the aver- 
age, r.m.s. and peak magnitudes as follows: 


Average Magnitude =0.636 Mynax, (1) 
r.m.s. Magnitude =0.707 Max, (2) 
Peak Magnitude = = Myax. (3) 


For a combination of several sine waves, no perfectly 
general relation holds without certain further restrictions. 
The most general expression that can be written is that 
involving the r.m.s. magnitude of a complex wave. Exclud- 
ing ‘“‘same frequency” combinations, the r.m.s. magnitude 























TABLE I. 
READINGS OF METERS WITH 
LOUDNESS 
LEVEL OF 
180-CYCLE 40 DB 50 DB 60 DB 70 DB 
TONE WEIGHTING | WEIGHTING | WEIGHTING | WEIGHTING 

40 40 43 46 49 

50 47 50 53 56 

60 54 57 60 63 

70 61 64 67 70 
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for the combination of several sine waves ts: 


r.m.s. Magnitude 
=(M? + Me 


r.m.s 


+---M,2_)§, (4) 


r.m.s. r.m.s. 


ae =the root mean square magnitude of sine 
where Mi, m.s. t 1 ag 


wave component No. 1. M =the root mean square 


=the 


root mean square magnitude of the mth sine wave com- 


° 
“r.m.s. 


magnitude of sine wave component No. 2. Mu... 


ponent. 
Still more restrictions must be imposed before an ex- 


pression can be written for the peak magnitude. If the 
number of sine wave components is relatively few and if 
the frequencies of the components are incommensurable, 
the following expression may be written: 


Peak Magnitude = | a, Me. +---M 


max “max’ 


(5) 


where Mi, ax = the peak magnitude of the first sine wave 


component, etc. 

If the number of important sine wave components is 
great, even though the frequencies are incommensurable, 
the probability of the simultaneous occurrence of all the 
peak magnitudes is so remote as to pract ically never occur, 
although in a sufficiently long time of integration they 
should appear. If the number of components is great and 
the frequencies are harmonically related, the peak magni- 
tudes of the components will very likely never occur simul- 
taneously and therefore the above expression would yield 
a peak magnitude greater than that which would be ob- 
served. 

The “average” magnitude of a combination of sine waves 
is not easily expressible mathematically. The physical 
process which may be visualized in obtaining the result is 
(1) the algebraic addition of instantaneous magnitudes of 
the sine waves, (2) the integration without regard to sign 
of the resulting wave form over a time long enough to in- 
sure the final result would not be appreciably changed by 
continuing the integration for a longer time (3) dividing 
the integrated result by the time employed in order to ob- 
tain the average magnitude. To carry out this process for a 
number of sine waves is very laborious and a more rapid 
approach to a solution may be made by considering the dis- 
tributions of instantaneous magnitudes for 1, 2, 4, etc., 
sine waves.* For sine waves having harmonic relationship 
the result is dependent on phase relation. For components 
of equal magnitudes having incommensurable frequencies 
the “average” magnitude of two components is 1.27 times 
the ‘average’ magnitude of one component; for four com- 
ponents the “‘average’”’ magnitude is about 1.8 times that 
of one component and for additional numbers of compo- 
nents the rule of summation is nearly the square root of 
the sum of the squares rule. 

Qualitatively, it may be seen from the above figures that 
for a given complex wave form an expression of the average 
magnitude of the wave would be the lowest valued expres- 
sion. The r.m.s. magnitude would be somewhat higher and 
the peak magnitude would be the highest. Further, if the 
results in each case were compared with the corresponding 
results for a sine wave, it would be observed that the ratio 





* Due to H. Nyquist, Bell Telephone Laboratories. 





of the peak of the complex wave to the peak of the largest 
sine wave component would in the general case be larger 
than the ratio of the r.m.s. magnitude of the complex wave 
to the r.m.s. magnitude of the largest sine wave component, 


which ratio in turn would be larger than the ratio of the 
average magnitude of the complex wave to the average 


magnitude of the largest sine wave component. For the 


simple case of two components this may be shown as fol- 


lows: 

Let Mmax of each component equal 1. 

Let R equal the ratio of the magnitude of the complex 
wave to the corresponding magnitude of one of the com- 
ponents. 


NUMBERS ON CURVES 
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Fic. 14. Corrections to sound level measurements as 
functions of differences between readings with 40 db, 70 db 
and flat weightings. 


Substituting in Eqs. (2), (3), (4) and (5) and using the 
figures for the “average” magnitude of two incommensu- 
rable sine waves of equal amplitude 


Ray. = 1.27, 
0.707(12+ 12)! 
Ry.m.s. = 5 ee 
0.707 
1+1 
Ryeak = "m2, 


These ratios are useful in describing the type of expres- 
sion used for a complex wave form. For example, the 
“average” magnitude of two sine waves having incom- 
mensurable frequencies and equal magnitudes is equivalent 
to the magnitude of one raised 27 percent or about 2.1 db. 
The r.m.s. magnitude of the same two sine waves is equiva- 
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lent to the magnitude of one raised 41 percent or 3 db. 
This is the effective magnitude or the magnitude propor- 
tional to the power in the wave. The peak magnitude of 
two sine waves having incommensurable frequencies and 
equal magnitudes in equal to the magnitude of one raised 
100 percent or 6db. 

These relations between the various expressions of the 
magnitudes of alternating wave forms have been given in 
some detail because from the d.c. output of rectifying ele- 
ments it is possible to obtain results from which the average 
or the r.m.s. or the peak magnitude of the alternating wave 
may be obtained. The particular one of these magnitudes 
which may be obtained depends upon the characteristics 
of the particular rectifier employed. It is also possible to 
adjust rectifying elements so as to obtain several grada- 
tions of magnitudes between those described. 

A common type of rectifier is the linear rectifier, so- 
called because the direct-current output is directly propor- 
tional to the alternating current or voltage input. Recti- 
fiers of this type may be thought of as producing a wave 
form of direct current in their d.c. dircuit which is almost 
an exact replica of the form of the voltage on the a.c. side, 
except that in full-wave rectifiers one-half the wave form 
(say, that below the zero axis) is inverted and appears in 
the same direction as the other half of the wave, while in 
half-wave rectifiers only the wave appearing on one side 
of the axis is copied on the d.c. side. Considering the full- 
wave rectifier of this type, the output direct current is 
proportional to the average magnitude of the alternating 
input. Referring to the examples above, this type of recti- 
fier yields the smallest results on complex waves. Rectifiers 
of this type will not meet the rule of combination require- 
ments given in the American Tentative Standards for 
Sound Level Meters. 

A square rule or r.m.s. rectifier is so called because the 
current output is proportional to the square of the current 
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or voltage input. In this rectifier the form of the d.c. out. 
put may be considered to be at each instant proportional 
to the square of the instantaneous alternating input wave. 
A d.c. meter connected to read the d.c. output would read 
the mean current output, hence a quantity proportional to 
the mean square of the input. The extraction of the square 
root of this mean square current is done automatically by 
calibrating the output in terms of the r.m.s. magnitudes 
of inputs, usually sine wave inputs. Thus, from the output 
current the r.m.s. magnitude of the alternating input may 
be obtained directly. The r.m.s. rectifier is specified in the 
American Standards for Sound Level Meters. 

Indications of the peak magnitude of an alternating 
wave on a d.c. meter are usually more difficult to obtain 
than the indications of the r.m.s. or average magnitude. 
Peak readings are usually obtained by arranging so that the 
alternating voltage causes a charge to be placed on a small 
condenser, the charge being as nearly as possible propor- 
tional to the instantaneous voltage magnitude of the alter- 
nating input wave. Arrangements are further made so that 
the condenser has an extremely high resistance leak. This 
negligible leak permits the voltage on the condenser to be 
measured by means of apparatus involving the indicating 
instrument which acts slowly relative to the duration of 
the peak which gave the condenser its charge. Thus, the 
measurement of the peak occurs after the peak itself has 
disappeared. By reducing the resistance of the leak, meas- 
ured magnitudes proportional to somewhat less than the 
peak magnitude of the wave may be obtained. 

Of the three magnitudes described here, the r.m.s. or 
effective magnitude is the only one from which the weighted 
power in the wave may be derived and is the only one for 
which the result is absolutely independent of the phase 
relation of the components included in the conditions for 
which the equation holds (i.e., excluding same frequency 
combinations). 
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ut Sound Level Meters from the User’s Viewpoint 
A PauL HUBER AND JOHN M. WHITMORE 
ad General Motors Corporation, Milford, Michigan 
to (Received May 21, 1940) 
are 
3 | EVERAL papers have been published on the other calibrations, are therefore used at all 
ne features which are desirable in a noise meter. frequencies. 
lay Such information has been summarized in the Figures 1 to 4 present the acoustic response 
the ASA tentative standard Z 24.3—1936, ‘‘Sound curves of 13 meters taken from service, with 
; Level Meters.’”’ There is a growing feeling that normal calibration, on flat weighing. A number 
= the 5-db tolerance provided in it is far too broad of meters which had obviously faulty calibrations 
my for use in writing noise specifications. On the were rejected from this group. The response at 
the other hand, many users are not interested in 50 c.p.s. varies over a range of 10.0 db, at 100 
all accurate absolute measurements and want only c.p.s. 8.6 db, and at 200 c.p.s. 7.8 db. This is 
wi a meter which will give them the same reading obviously too wide a range for noise specification. 
oe every time on the same noise, at least to plus or There is no evidence that any manufacturer is 
his minus 0.5 db. This problem of stability is, of _much worse than another in calibrations over 
be course, involved in a meter for specification the last few years. The tests represent variations 
ing work. The present discussion will consider some in individual meters rather than in the source. 
of design factors which may influence either ob- There is a distinct tendency for the meters of 
“a jective, but will be confined to only those on later manufacture to approach the design ob- 
si which we have accurate, reliable data. The data jective more closely. This is not due to a dif- 
the must be considered both from the tolerance of ference in age of the meters, for many of the 
plus or minus 2.5 db under the ASA standard, older units were tested when new. The change in 
ee and from the desirable plus or minus 0.5-db low frequency response for one manufacturer 
rs tolerance. (Figs. 1 and 2) is due to an improvement in the 
en Most of the curves were taken with the aid of low frequency characteristic of the microphone, 
for an electrostatic actuator, the principle of which coupled with an interpretation of the ASA 
ncy has been covered several times. Briefly, it allows standard which kept the response at 1000 c.p.s. 


one to calibrate a condenser microphone and its 
amplifier, and then to adjust the acoustic pres- 
sure to a standard level in a matter of seconds. 
The test microphone is close to the condenser 
microphone in the same sound field. The accuracy 
of the data decreases above 500 c.p.s. due to 
wave pattern in the inclosure. Repeat runs 
almost always lie within plus or minus 0.2 db, 
while the stability over a period of years is at 
least plus or minus 0.5 db. This apparatus is no 
better than other types of low frequency pressure 
calibrators, and may not be as good as some, but 
it is reliable and self consistent. The reference 
level for this work is taken from two WE 630 A 
microphones calibrated at Bell Laboratories and 
at the National Bureau of Standards. These 
calibrations agree well above 100 c.p.s. Shure 
Brothers standards based on a pistonphone, agree 


constant. The electrical weighting for 70 db and 
40 db results in about the same spread from the 
design objective for the group although some 
meters may be improved. 

The accuracy of maintenance of acoustical 
response under normal laboratory conditions 
























































with them above 100 c.p.s., and except for an Fic. 1. Sound level meter response, flat weighting, 


additive constant. with this laboratorv at all Manufacturer A, 1936 production; B and C, as delivered; 


f Pinel D and E, same meters, with manufacturer’s change in 
requencies. The actuator levels, corrected to the calibration. 
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Fic. 2. Sound level meter response, flat weighting, 
manufacturer A, 1939-40 production. 


over a long period of time is shown in Fig. 5. 
These are repeat tests for two frequency bands, 
on two meters, covering a period of three years 
each. The meters were, of course, serviced when- 
ever necessary to keep them as close as we could 
to the objective. It seems likely that these data 
represent the best that can be done in maintain- 
ing a battery operated noise meter in severe 
service over a long period of time. 

In actual service tests, conditions do not remain 
as nearly constant as they were in the preceding 
tests. In order to give a detailed discussion, the 
sound level meter will be divided into its func- 
tional components; microphone, amplifier, and 
output meter. 

Amplifier troubles, as such, are almost neg- 
ligible. Tales are told of the evils of molded 
resistors, but in a total of about 17 noise meter 
years operating time there has never been a 
service failure on either molded or wire wound 
fixed resistors. Change of plate voltage causes a 
change in the sensitivity of the amplifier, as 
shown on Fig. 6. In addition, it may affect the 
electrical response when the weighing nets for 
the 40- and 70-db contours are used. Compensa- 
tion for the sensitivity change is made in com- 
mercial noise meters by an auxiliary attenuator 
or by changing the screen potential. Neither gives 
perfect compensation for the variation in elec- 
trical gain. A recent model noise meter operating 
from the power lines and employing inverse 
feedback has a negligible shift in calibration for 
normal voltage fluctuations. The most irritating 
trouble, and the one most difficult for the 
customer to work with, is the occasional presence 
of regeneration which affects frequency response 
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at high gain, i.e., low acoustic levels. Even jf 
oscillation does not occur, it may cause a yari- 
ation in response from step to step on the atteny. 
ator, which will appear to the user as scale error 
at the extreme frequencies. 

The output meter is a prolific source of error. 
The only type commonly used is a rectifier 
meter, which is subject to all the errors inherent 
in rectifier type meters. No original data on their 
characteristics are available, but the catalog of 





















































Fic. 3. Sound level meter response, flat weighting, 
manufacturer B, 1937-39 production. C and D are tests 
with two replacement microphones on the same meter, 
without recalibration. No test was made before the failure 
of the original microphone. 


one manufacturer states that the accuracy of an 
output meter is plus or minus 5 percent of full 
scale on sinusoidal voltage at frequencies up to 
3000 c.p.s. and between 65° and 85°. In a sound 
level meter the output meter is driven from a 
single source so the accuracy is likely to be 
better than the plus or minus 1.0 db claimed 
there for a mid-scale reading. The frequency 
error is not important, anyway, if it is constant, 
because amplifier response is adjusted to give 
any desired over-all response. 

The prime importance of the temperature 
variation of the output meter arises in the in- 
ternal electrical calibration of the sound level 
meter. To compensate for battery change and 
tube drift, a source of voltage is provided which 
can be read on the output meter directly or 
through a fixed attenuator and the amplifier. The 
amplifier gain is then adjusted until it is equal to 
the attenuator loss. This internal calibration is 
an accurate way of returning the amplifier to the 
same gain but does not take into account the 
variations of the rectifier type output meter with 
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time and temperature. Fig. 7 shows the change 
in over-all electrical response of two common 
noise meters with changes in temperature. Each 
meter is calibrated at each temperature according 
to the directions furnished by the manufacturer. 
It is quite obvious that errors as great as 3 db, 
introduced at the higher temperatures, are im- 
portant and that under any conditions of work 
differing from normal test rooms one must be on 
guard against this effect. A number of cases have 
been found where the characteristics of the 
copper oxide rectifier has changed, the most 
common fault being a resistance change which 
causes half wave rectification. This changes the 
output meter sensitivity about 5 db, which, like 
the temperature error, is not compensated for in 
the internal calibration. 

Over-all acoustical calibration has been ob- 
tained with the aid of a whistle by one manu- 
facturer, and with an internal oscillator and 
telephone receiver by another. The later method 
offers nothing except the inclusion of the micro- 
phone, although under some conditions this 
might be worth while. The whistle method seems 
erratic. Our experience has been limited to some 
few weeks’ operation, but successive trials rarely 
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Fic. 4. Sound level meter response, flat weighting, 
miscellaneous manufacture, 1936-38. 


lie within 0.5 db of each other. On the other hand, 
it is possible that an elaboration of this method 
to provide a standard ‘‘blow’’ might prove to be 
the answer to many troubles. 

The errors involved in the microphones are, 
in general, greater than those rising from the 
other parts of the noise meter. Only two types 
of microphones are in general use today. The 
moving coil or dynamic microphone is repre- 
sented by two models of the same type. Crystal 
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Fic. 5. Sound level meter sensitivity tests for two meters, 
each covering a period of three years. The cause of the 
irregularities at A was never found. B is probably a poor 
test. At C and D the microphone was replaced. 





















































Fic. 6. Variation of sound level meter sensitivity with 
applied voltage. A, B battery voltage, portable meter, 
without any readjustment. B, Line voltage on a.c. operated 
meter, using inverse feedback. 
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Fic. 7. Variation of the sensitivity of two sound level 
meters of different manufacture as a function of their 
temperature at the time of internal calibration. 


microphones are either of sound cell or diaphragm 
types. The dynamic and the crystal types of 
microphones have their own peculiarities which 
will be discussed separately. 
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Fic. 8. Open circuit output of a dynamic microphone as a 
function of temperature. 


The dynamic microphone is affected by tem- 
perature as shown by Fig. 8. In the neighborhood 
of two hundred cycles there is very little change 
in sensitivity. Below this the variation seems to 
increase as the frequency decreases, amounting 
to at least 2 db in the neighborhood of 70 cycles 
per second. In actual use, of course, this will 
effectively mean that the characteristic weighting 
of the noise meter changes in this manner. No 
facilities for checking response of the microphone 
at frequencies above those on the curves were 
available. Another fault of the dynamic micro- 
phone is electrical pick-up. The most common 
model gives a reading of approximately 100 db 
for an alternating magnetic field of one gauss 
parallel to the axis of the coil. Its response is 
shown in detail in Fig. 9. This effect may be 
reduced by adding a balancing coil wound around 
the magnet structure. A crude coil wound on the 
outside of the microphone on the posts which 
holds the cap will give a reduction at 60 cycles 
of more than 15 db. It is quite probable that 25 
to 30 db may be obtained by winding the coil 
inside which would reduce the magnetic pick-up 
of the microphone to about that of a good trans- 
former. No time has been available for a thorough 
check of the effect of such a coil on the acoustical 
frequency response, but it is believed to be very 
small. 

The output from a crystal microphone is 
always observed across the first stage grid 
resistor with a capacity in shunt due to the con- 
nections, and often due to an extension cable. It 
is customary to speak of a generated potential 
in series with the impedance of a microphone. 
This is not a physical description of the operation 
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Fic. 9. Indication of sound level meter due to the magnetic 
pick-up of dynamic microphone in a field of 1 gauss, r.m.s. 


of a crystal microphone because it develops a 
charge which is proportional to the sound pres- 
sure. The correction for the resistance and 
capacity load is made by the equation 


Ge 1 } 
K=20 log (1+—)(1 +—(C, +C,)') 
Cm rw? 


which is derived from the physical condition. 
The equivalent series voltage is calculated and 
plotted to conform with practice. 

Throughout this discussion the crystal micro- 
phones referred to will be a production sound 
cell and an experimental diaphragm type. The 
latter is not identical with production, but is 
believed to be typical. The calculated curves 
include their respective production grid resistors, 
two and seven megohms, and two cables, 0.00085 
and 0.00035 yf, which represent typical prac- 
tical cable capacities. 

Crystal microphones in general have a com- 
plicated response to temperature. As far as we 
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Fic. 10. Capacity of crystal microphones as a function of 
temperature. A—Sound cell type, B—diaphragm type. 
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know no complete discussion has appeared any- 
where in literature, but conversation has indi- 
cated that the manufacturers are well acquainted 
with the facts. Fig. 10 shows the variation of 
capacity with temperature for the two forms of 
crvstal microphones. In the neighborhood of 
normal room temperature the capacity is highest 
and decreases as the temperature increases or 
decreases. The biggest effect of this change in 
capacity, where the microphone is used directly 
on the noise meter, is to decrease the low fre- 
quency response as shown in Fig. 11. The most 
important changes occur when a cable is used 
with the crystal microphone. Fig. 12 is a chart 
showing the cable correction only for any com- 
bination of cable and microphone capacities, 
over the usual range. The variation in correction 
with capacity becomes greater as the correction 
increases. Fig. 13 shows the cable correction as 
a function of temperature for two microphones, 
with two different cables. It is quite obvious 
that the cable correction cannot be considered a 
constant of the meter, and that the variation is 
greater when the cable correction is greater. 
The same effect is also present on a crystal vibra- 
tion pick-up, but is smaller because of its higher 
capacity. 

Figure 14 shows the changes in equivalent 
open circuit output below one volt per bar for 
the two microphones. This apparent change in 
open circuit voltage must be added to any effect 
which is produced by change in the capacity of 
the microphone. The resulting over-all effects are 
shown for temperatures of 20, 70, and 100 



















































































Fic. 11. Calculated variation in voltage observed across 
grid resistor from crystal microphone, due to microphone 
capacity and grid resistance. A—Sound cell type, 2 
megohms; B—diaphragm type, 7 megohms. 
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Fic. 12. Correction to be applied to sound level meter 
readings for the shunt capacity of a cable. 
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Fic. 13. Calculated cable correction for two crystal 
microphones with two cables. A—Diaphragm type, 0.00085- 
uf cable, B—sound cell type, 0.00035-uf cable, C—dia- 
phragm type, 0.00035-yf cable, D—sound cell type, 0.00035- 
uf cable. 


degrees in Fig. 15 for one of the older type noise 
meters as well as for the latest model, assuming 
the use of a 0.00085-yf cable. 

Crystal microphones have the advantage of 
having negligible magnetic pick-up and low cost. 
They tend to have a uniform frequency response, 
especially in the low frequency range, if they are 
properly matched into the noise meter. They are 
a decidedly useful tool if their limitations are 
known and observed. 

Present production commercial noise meters 
are useful tools, and are satisfactory for a large 
part of the problems they are used on. This paper 
is presented so that the average user, who does 
not have laboratory facilities, may have some 
idea of the limitations of his instrument. The 
industrial group using these meters should work 
to limits not greater than plus or minus 0.5 db. 
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Fic. 14. Open circuit output as a function of tempera- 
ture for crystal microphones. A—Sound all type, B 
diaphragm type. 


No manufacturer of noise meters in this country, 
at the present time, is putting any limit at all 
on the accuracy of his product. He is issuing no 
warning as to the conditions under which that 
instrument will exceed any tolerance, even the 
plus or minus 2.5 db of the ASA. If one sums up 
the possible sources of error discussed in this 
paper, it will become quite evident that even if 
the meter is exactly on the ASA design objective 
at room temperature, it may be a long way from 
it under working conditions of a factory test 
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Fig. 15. Calculated variation in voltage across grid 
resistor from crystal microphone, including effect of 
resistance microphone capacity, shunt capacity, and 
change in output voltage. A—Sound cell type, 2 megohms 
0.00085-uf cable, B—diaphragm type, 7 megohms, 0.00085. 
uf cable. 


floor. If the existence of these errors and know\l- 
edge of their magnitude were disseminated among 
the users of meters, allowance could be made for 
their presence. The manufacturer of sound level 
meters should at least specify the range of oper- 
ating conditions within which his meter will 
stay inside a specified tolerance, or, better, 
supply correction curves which will enable the 
user to compensate for error within the operating 
range. 
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Propeller Rotation Noise Due to Torque and Thrust 


ARTHUR F. 


DEMING* 


Civil Aeronautics Authority, Washington, D. C. 
(Received April 27, 1940) 


Sound pressures of the first four harmonics of rotation noise from a full-scale two-blade 
propeller were measured and comparison is made with values calculated from theory. The 
comparison is made (1) for the space distribution at constant tip speed, and (2) for fixed space 
angles with variable tip speed. A relation for rotation noise from an element of radius due to 
Gutin is extended to cover the entire propeller disk. Curves are given showing the effect of 


number of blades on the rotation noise. 


INTRODUCTION 


N general, it may be said that propeller noise 

can be divided into two classifications, (1) 
“rotation noise,”’ and (2) vortex noise. The first 
is by far the most important from a noise stand- 
point, since it is the most intense. The second, 
as the name implies, is due to the shedding of 
vortices from the blades, and its intensity and 
frequency spectrum very likely depend on the 
angle of attack, velocity, air turbulence, blade 
chord, and shape of blade section from hub 
to tip. 

The rotation noise is due to the pressure wave 
enveloping the blades and moving with them, 
while the vortex noise is due to pressure varia- 
tions on the blade as a result of variations of 
circulation. It may be simply stated that the 
rotation noise is due to the constant air force on 
the blades, and the vortex noise is due to the 
variations in air force. 

The rotation noise may be further divided 
into the rotation noise due to (1) torque and 
thrust, and (2) that due to blade thickness which 
has been treated in a previous paper.' The effect 
of thickness on rotation noise is small except for 
the higher harmonics, or better, higher values of 
qn at small angles of attack where gq is the order 
of the harmonic, and the number of blades. 

Propeller rotation-noise theory known to the 
author at this writing does not check with 
experiment in some respects, especially the detail 
of spatial distribution and time phase of the 
harmonics, but the theory does give to a fair 
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degree of accuracy the energy radiated as sound 
and the maximum sound pressures encountered. 
The general shape of the spatial distribution of 
sound pressure of the fundamental and second 
harmonic for a two-blade propeller is fairly well 
given by theory; i.e., for gn equal to 2 and 4. 
For higher values of gn theory does not give the 
spatial distribution very well. However, the 
theory does give fair values for the magnitudes 
to expect which is perhaps all that is required in 
sound work where one is dealing in decibels or 
sound levels instead of percents. 


THEORY OF EFFECT OF TORQUE AND THRUST 


Gutin? starts his derivation for effect of torque 
and thrust with 


i a a F) e~ikr 
po —(x +Y—4+2Z \- (1) 
4mrkpc Ox oy Oz r 





and arrives at the result 


MW ncoM 
P= | P cos 94 Laa(BR sind). (2) 
2ncr wR? 


In Eq. (1) the notation is the standard used in 
acoustics with X, Y, Z being the respective com- 
ponents of force exerted by the blade element on 
the medium. In Gutin’s work some of the 
symbols are different from those used by the 
author when with the National Advisory Com- 
mittee for Aeronautics, so to leave no room for 
confusion, a list of symbols is given in Table I. 





2L. Gutin, “Uber das Schallfeld einer Rotierenden 
Luftschraube,” Physik. Zeits. der Sowjetunion 9, 57-71 
(1936). 
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TABLE I. 
ITEM GUTIN DEMING 
Medium density p | p 
Sound velocity c c 
: V 
Angular velocity jw, (wi = nw) WR 
Frequency in c.p.s. | f f 
Wave-length rN d 
Distance to point in question r r 
Number of blades n n 
Order of harmonic m g 
Thrust P T 
Total thrust | To 
Torque M QO 
Total torque Qo 
Propeller radius _ R R 
Propeller tip radius Ro Ro 
Section velocity V 
Angle in disk from reference 6 0 
Direction from front of disk 5] B 
: . : V 
Bessel function argument kRsin 9 |m, (an sin B c) 
Sound pressure _ § Pan 
Harmonic power in watts W Pen 








In the course of Gutin’s derivation of Eq. (2) 
he comes to the relation for the sound pressure 
at a distant point due to the torque and thrust 
from an element of radius dR and it is given as, 





qnw p®e dT ¢ 2 
d)..=—— |-— cos B+— — PonimaR 
2rcld dR wR? dR (3) 


From this relation, Gutin, by studied approxima- 
tions, arrives at the relation given in Eq. (2). 





dpan 


Integration of Eq. (8) gives 


Fs 


=|" eee (- e (-) | 
‘Sack 0 Ry (b—a) = Ro 


CQo (e+1)(f+1) Ry R\/ 
4+-—--— ——— — I(—) -(-) | roncmar, (8) 
wRyR? (f- e) Ro Ry 
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By using simple relations to represent the 
torque and thrust distribution it is quite feasible | | 
to integrate over the entire disk. An equation | 
will then result, showing the effect of torque and 
thrust distribution on the sound pressure of the | 
harmonic components. By using 


dT 


f R a R b 
()-@] 
dR Ro Ro 
dQ a () ~) 
dR 7 Ro = | w) 


and 


for the thrust and torque distributions, respec- 
tively, it is then only necessary to substitute in 
Eq. (3) and integrate. The constants Kr and Kg 
in Eqs. (4) and (5) can be found by integrating 
with respect to R from 0 to Ro. 


| 
Ty (+1) O41) 
Kr= | (6) 
Ry (b—a) 
. Ov (e+1)(f+1) 
Ke= | —— | (7) 
Ro (f—e) 
Substituting the values for d7/dR and dQ/dR 








in Eq. (3) gives 





















qnw 1 my” 
Pasa — To com aati o+0) OO 
2x (qn+a+1)(qn+b+1) 2(2qn+2)(qn+a+3)(qn+bh+3) 
mo* 
‘ — 
2+4(2qn+2)(2qn+4)(qn+a+5)(qn+b+5) 
CQ 1 mM 
+eer nist) senna - 
wRo (qnt+e—1)(qn+f—1) 2(2qn+2)(qn+e+1)(qn+f+1) 


Mo qn 
(9) 
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2-4(2gn+2)(2qn+4)(qn+e+3)(qn+f+3) 24(gn)! 
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It is possible to integrate Eq. (8) in terms of a 
series of Bessel functions for which tables could 
be used, but even so, the expression resulting 
therefrom is more cumbersome to use than Eq. 
(9), at least for the smaller values of qn. 


REFERENCE CONDITIONS 


The conditions for which the calculations for 
the sound pressures were made and, of course, 
for the experimental tests are given in the 
following. 

Number of propeller blades, n =2, 

Blade radius to tip, Ro=4.75 feet, 

Blade section, R.A.F. 6, 

Blade pitch angle at 0.75 Ro, a=5°, 

Distance of microphone to propeller center, /=85 feet, 
Thrust at 1700 r.p.m., V/nD=0, T)=668 pounds, 

Torque at 1700 r.p.m., V/nD=0, Qo=251 pounds-feet, 
Specific acoustic resistance, pc=42 grams per second cm.? 

For obtaining the polar curves data the r.p.m. 
was maintained constant at 1700. The angle 8 
between the propeller axis and the line from the 
microphone to the propeller center was main- 
tained constant for each of the harmonics 
measured while the r.p.m. was varied for the 
“speed runs’’ data. The azimuth angle 8 was 120° 
for the first harmonic, 110° for the second and 
third, and 1023° for the fourth. 


COMPARISON OF EXPERIMENTAL AND CALCU- 
LATED SOUND PRESSURES 


Comparison is made between the calculated 
and experimental sound pressures for the first 
four harmonics of the sound for the reference 
conditions. The comparisons are for (1) the polar 
distribution of sound pressure, and for (2) the 
variation of sound pressure with r.p.m. for a 
fixed polar angle 8 from the propeller. 
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Fic. 1. First harmonic. 
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Figures 1 to 4 show the polar distribution of 
the sound pressures with one curve from experi- 
mental values, one curve using values calculated 
from Eq. (2), and the other curve from Eq. (9). 
In using Eq. (2), P and M are the total torque 
and thrust, respectively, and R=0.75Ro. For use 
in Eq. (9), a=2, b=12, e=2, and f=12, which 
parameters give the thrust and torque distribu- 
tion fairly well for the pitch angle used with 
zero advance (V/nD=0). It should be added that 
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Fic. 5. (X?—X") Thrust and torque distribution. 


the theoretical values were multiplied by v2 for 
plotting and comparison with the experimental 
values. Since the microphone was on the ground, 
it is necessary to multiply by 2 and since the 
equation gives maximum values, dividing by v2 
will give r.m.s. values against which the micro- 
phone is calibrated. The thrust and torque 
distribution is shown in Fig. 5. 

For the given directions or angles 8, the logio 
of the sound pressure is shown plotted against 
logio Vo/c, (speed runs), on Figs. 6 and 7; Fig. 6 
is for experimental values, Fig. 7 for values 
obtained from Eqs. (2) and (9). The mean slopes 
of these graphs are shown on Fig. 8 plotted 
against qn. 


EFFECT OF NUMBER OF BLADES 


In considering the effect of number of blades 
for a given torque and thrust, one is concerned 
with the product gm as is shown in Eq. (9). In 
other words, considering a definite case, it does 
not matter (for thrust and torque effect) whether 
one is calculating the sound pressure of the 
fundamental of a four-blade propeller or the 
second harmonic of a two-blade propeller, every- 
thing else being the same. Other combinations 
can be readily perceived. 

Figures 9 and 10 show sound pressure plotted 
against gn for the reference conditions with the 
thrust and torque fixed. It must be realized that 
qn must be a whole number; obviously, values 
between whole numbers have no practical meaning. 


Remembering then that for a two-blade pro- 
peller the values of gn for the harmonics would 
be 2, 4, 6, 8, 10, 12, etc.; for a three-blade 
propeller it would be 3, 6, 9, 12, 15, etc.; fora 
four-blade propeller it would be 4, 8, 12, 16, 20, 
24, etc. For any value of tip speed used, one can 
then from curves like Figs. 9 and 10 estimate the 
sound pressure of all the harmonics for any 
condition, remembering that the sound pressure 
is approximately proportional to the torque and 
thrust as shown in Eq. (9). Further, Figs. 9 and 
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Fic. 6. Logio pyn against log Vo/c from experiment. 
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10 are for 8=110° only. Also, one should not 
forget that w varies with V/c for a given radius 
in calculating curves such as are in Figs. 9 and 10. 


PoWER RADIATED AS ROTATION NOISE 


For normal conditions, the power radiated as 
sound is made up mostly of rotation noise. The 
power involved in the vortex noise is compara- 
tively small except at low values of Vo/c. This 
would be true for propellers with the normal 
number of blades; it is possible, however, that 
the power involved in vortex noise may be equal 
to or even greater than that due to rotation 
noise for a large number of blades. 

To obtain the power radiated it is only 
necessary to substitute the data given in this 
paper in the relation 


IP 7* Den’ ; 
P..=- f ——2rl? sin BdB, watts. (10) 
peo 2 


For this relation the data given by the polar 
curves of the sound pressures can be used. These 
were measured at every 15° interval, making 24 
values for each polar curve. For such a case, Eq. 
(10) becomes 
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Fig. 7. Logio Py» against log Vo/c from Eqs. (2) and (9). 
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n?l?10-7 
P gn =———_ © Pan? sin B, watts. (11) 
2X 2‘ pc 


It has been assumed that the propeller radiates 
the same power in rotation noise whether it is 
10 feet above the ground, as it is, or whether it 
is in free space. The sound pressures measured 
by the microphone are double the values that 
would be measured in free space. It must be 
remembered that p,, as used in Eqs. (10) and 
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Fic. 8. Exponent of Vo/c against qn. 


(11) refers to py, as calculated from Eqs. (2) or 
(9) which are maximum values of the sinusoidal 
sound pressures calculated for free space. If 
values are taken from Figs. 1 to 4 they must be 
divided by v2 to use in Eq. (11). 

The power radiated by the first four harmonics 
(qn=2, to gn=8) follows, the values of p,, being 


obtained from experimental data. 


Pye= 18.2 watts, 

Px».2= 6.3 watts, 

Ppe= 2.9 watts, 

Pyx2= 1.2 watts. 
Using Eq. (2) the following values were calcu- 
lated for the same conditions. 

Pyyx2=8.5 watts, 

P2,2=2.8 watts, 


P3x2=0.8 watt, 
P4.2=0.2 watt. 


Using Eq. (9) with (X?—X") for the distribu- 
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tions, the other conditions being the same 


P}x2=7.4 watts, 
P22=2.6 watts, 
P3x2=1.0 watt, 

Pyy2=0.35 watt. 


These values of power radiated by the first 
four harmonics are plotted on semilog paper in 
Fig. 11, which is a convenient way of estimating 
the power for harmonics higher than calculated 
to obtain total watts in rotation noise. 
For the case in hand, the sum of the watts for 
the first four harmonics gives very nearly the 
total power in the rotation noise. By the three 
different means; i.e., experiment, Eq. (2), and 
Eq. (9), the powers are 


8 
Experiment, >> P,,=28.7 watts; 
qn=2 


g 
> Pon=12.3 watts, 3.68 db below 
28.7 watts; 


Eq. (2), 


qn=2 


> Pon=11.3 watts, 4.04 db below 


Eq. (9), 
28.7 watts. 


qn=2 
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qn 
FIG. 9. pgn against qn (for various values of Vo/c at B= 110°, with thrust and torque constant 
at reference condition), using Eq. (2). 


DISCUSSION 


In the course of the experimental work 
connected with this paper the question of inter- 
ference made itself apparent. With the micro- 
phone placed 5 feet above the ground, data 
were obtained which gave “speed run’’ curves 
(especially so for the third and fourth harmonics) 
which were less steep than theory indicated. 
The polar curves obtained with the microphone 
in such positions did, however, check the theory 
quite well. 

With the microphone on the ground, which 
position was used for the data of this paper, the 
slope of the ‘‘speed run’”’ curves are steeper than 
theory indicates, except for the fourth harmonic, 
which is less steep than the theory indicates. 
This was shown in Fig. 8. The slopes shown on 
Fig. 8 obtained from Eqs. (2) and (9) are very 
nearly the same. The polar curves give a fair 
check against experiment for the first and second 
harmonics, but the third and fourth harmonics 
are off 4.6°db and 6.4 db, respectively, from the 
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Fic. 10. pon against gn (for various values of Vo/c at B=110°, with thrust and torque constant 
at reference condition), using Eq. (9). 





theory for total power radiated in the harmonic. 
This is shown on Fig. 11. 

As might be expected, the first harmonic 
showed little effect of interference since the wave- 
length was about 20 feet for 1700 r.p.m. This 
wave-length was sufficiently large compared to 
the mesh of nearby objects and roll of terrain, 
so the propeller-acoustic image was fairly definite. 
Such was probably not the case for the higher 
harmonics. In short, it may be said that the 
experimental work incident to this paper was, in 
a way, a study of acoustic interference. 

It has probably been observed that the curves 
obtained from Eqs. (2) and (9) do not check 
each other. For the first and second harmonics, 
Eq. (2) gives the higher values, giving the 
better check of theory with experiment. Just the 
opposite is true for the third and higher har- 
monics, as Eq. (9) gives the larger values. 
However, 0.75R» was used for R in Eq. (2) for 
all harmonics, while progressively larger values 
could be used for the higher harmonics. If larger 
values of R were used in Eq. (2), as Gutin sug- 








gests in his studied approximations, the differ- 
ence in sound pressures obtained from Eqs. (2) 
and (9) would be small. It would probably be 
worthwhile to use Eq. (9) to find the relation 
between the proper radius to use in Eq. (2) for 
each value of gn. The correct value would 
probably vary with V o/c also, but it is believed 
that the variation would be small, at least over 
the practical range of Vo/c, 0.6 to 0.9. 

It has been found that as one considers higher 
and higher harmonics the consideration of thick- 
ness effect becomes more important relative to 
the thrust and torque effect. This is also true in 
the consideration of the number of blades 1. 
This may be concluded from a study of the effect 
of g and m in Eqs. (2) and (9) of this paper on 
thrust and torque effect compared to the effect 
of g and m in Eq. (19) in reference 2 on thick- 
ness effect. 

It is believed that a better approach to experi- 
mental data can be obtained from theory than 
given by just Eqs. (2) or (9) alone. If the square 
root of the sum of the squares of the sound 
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pressures obtained from Eqs. (9) and (19) in 
reference 2 is calculated, better comparison with 
experiment should result. There is a difference in 
time phase between the thickness effect and 
thrust and torque effect since the Fourier series 
for the thickness effect is a sine series, and that 
for the thrust and torque effect is a cosine 
series; hence the square root of the sum of the 
squares is suggested. Also, including the thickness 
effect takes care of the fact that the sound 
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pressures in the polar curves never go through 
zero as indicated by Eqs. (2) and (9), Further, 
it has been found that the time phase between 
the sound pressure pix2 at B=45° and B=135° j, 
not 180° as indicated by Eqs. (2) and (9), but js 
very nearly 90°. 

For convenience, Eq. 
thickness effect is given. 


(19) of reference 2 for 


Ro po Vo 0° 
Pan = 2V2qna gnf(a, b)— — 
1 2 





Mo 2" { 1 My 


Dan (qn)! qn+1 ~ 2(2qn+2)(qn+3) 


where 


Qgn=qn’b?/4rR,’, 
f(a, b)=8a/3b (for typical symmetrical airfoil 
section), 
a=} maximum thickness at about 0.80Ro, 
b=chord at about 0.80Ro, 


and all other letters represent the same quantities 
as the present paper. Eq. (19) gives twice the 
free space r.m.s. value, so must be divided by v2 
for use with value obtained from Eq. (2) or (9). 

It is interesting to note that the ratio of the 
projected diameter on the direction / to the 
wave-length is equal to the argument of the 
Bessel function in Eq. (2) divided by 7. 


2Rsin8B 2RsinB 2Rsing 


ae c/f 





~¢/(qnw/2n)’ 


2Rqnw sin B sel sin B Bohl /c sin in B 


2rc 2mcR T 





’ 


27rR, 
d, is 


or it can be stated that the perimeter, 
times sin 6 divided by the wave-length, 
equal to the Bessel function argument. 
The question of solidity 0 is of importance in 
determining the Fourier coefficients, so for the 
approximations made in determining Eqs. (2), 
(3) and (19) in reference 2 the angle gnb/R must 
be reasonably small. If not, errors in the calcula- 
tion of p,, will arise, but it is believed that 
harmonics up to the order of 1/20, one-half the 
reciprocal of the solidity, can be calculated by 
Eqs. (2), (9), and (19) without serious error from 





Mo 
cer a <—--+| (19) 
2-4(2qn+2)(2qn+4)(qn+5) 


this cause. The solidity 9 can be expressed 
as nb/2rR. 

A very good descriptive article on the question 
of vortex noise appeared recently by M. Ff. 
Dowell’ in the General Electric Review as a 
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using experimental, Eq. 2, and Eq. 9 values for the refer- 
ence conditions. 


“A study of air movement through 
Gen. Elec. Rev. 210-217 


3M. F. Dowell, 
axial-flow free-air propellers,” 
(1939). 
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result of some investigations of fan noise. This 
work involved low tip speeds so practically all 
the noise generated was due to vortices trailing 
from the blades. If sufficiently higher values of 
tip speed were used in the tests rotation noise 
would have entered the situation and even 
dominated the acoustic spectrum from the fan. 
This is due to the fact that the rotation noise in 
general increases with a greater power of Vo/c 
than does vortex noise. Rotation noise power 
radiated in the harmonics varies approximately 
as the 2(3-+2qn) power of Vo/c while the power 
radiated as vortex noise varies as approximately 
the 5.5 power. The exponent for the rotation 
noise power may be checked by writing the 
equation of the line drawn for the exponents 
taken from theory in Fig. 8. The exponent for 
the vortex noise was taken from a paper on 
“Vortex noise from rotating cylindrical rods.’”! 

Thus far, the question of ‘‘finite amplitudes”’ 
has received no attention in this paper. This 
question has been omitted owing to the mathe- 
matical difficulties involved and also because it 
was not considered sufficiently important in this 
work. In the first place, it is to be remembered 
that Eq. (9) does not include large-amplitude 
phenomena but, nevertheless, a fair check for 
the calculated value with experimental value of 
the fundamental sound pressure was obtained. 
However, in closing the discussion on this paper, 
it would seem in order to consider, at least in 
some measure, the question of finite amplitudes. 
Furthermore, this question can hardly be over- 
looked when it is realized that pressures de- 
veloped on the propeller blades are an appreciable 
fraction of one atmosphere. 

In work accomplished at the Bell Laboratories® 
it was shown that for large amplitudes there is a 
shift of energy in the acoustic spectrum from the 
fundamental to the second harmonic. The re- 
ported tests dealt only with plane waves but the 
paper presents results from which deductions in 
regard to spherical waves can be made. Measure- 
ments are described of the sound pressure of the 
fundamental and second harmonic taken in a 





*E. Z. Stowell and A. F. Deming, ‘Noise from rotating 
cylindrical rods,”"” T. N. No. 519, Nat. Advisory Comm. 
Ae., February (1935). 

*A. L. Thuras, R. T. Jenkins, and H. T. O'Neil, “Ex- 
traneous frequencies generated in air carrying intense 
sound waves,” J. Acous. Soc. Am. 6, 173-180 (1935). 
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long tube, one end of which was connected to a 
generator of intense sinusoidal sound pressures. 
The relations taken from Lamb’s Hydrodynamics 
give p; as the fundamental and ps2 as the second 
harmonic sound pressure. This work shows that 
the distortion or energy shift can, to experi- 
mental accuracy, be indicated by the following 
relation. 


Pe (y+1) wax 


Pi 4 c 
ax 
= (y+1)x?- it 
AA 


where w=2rzf, 


ad,maximum amplitude at the 
—=a cos wt, 

x, distance along tube from generator, 

A, wave-length, 

y, ratio of specific heats of air, 

c, velocity of sound; 


source, 


thus it is seen that for plane waves the distortion 
varies directly as the source amplitude, distance 
from the source, and inversely as the square of 
the wave-length. 

In the present tests pressure-variation meas- 
urements were taken well in the “pressure field”’ 
(analog to induction field of an antenna) up to 
within a few inches from the tip of a propeller 
and no finite amplitudes were observed until 
within a chord distant from the plane of rotation. 
This result would be expected from a considera- 
tion of potential flow about airfoils. From this 
result and considering spherical divergence it 
may perhaps be said that no serious discrepancies 
due to finite amplitudes would arise until wave- 
lengths of the order of the chord are considered. 

The question of finite amplitudes where spher- 
ical waves are concerned has been well summed 
up by Lamb in his book The Dynamical Theory 
of Sound, ‘‘In three dimensions the effect must 
be very much less, owing to the diminution of 
amplitude by spherical divergence.”’ 

In closing the author wishes to call the 
reader’s attention to the fact that the present 
paper is a revised form of one previously 


published.* 


6’ Arthur F. Deming, ‘‘Propeller rotation noise due to 
torque and thrust,’”’ T. N. No. 747, Nat. Advisory Comm. 
Ae., January (1940). 
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CONCLUSIONS 


1. The theory gives values of total power 
radiated in the first four harmonics within 4 
decibels of experimental values. 

2. The theory gives maximum sound pressures 
to within 3 db of experimental values over the 
speed range considered for the first harmonic 
and to about 8 db for the fourth harmonic for 
n=2. This disagreement might be due to dis- 
regard of the thickness effect, which, as shown, 
would be greater for the higher harmonics. 

3. It has been shown that the power output in 
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rotation noise increases as the 6+ 3qn power of 
the tip speed. 

4. The sound calculated by the theory using 
the (X*—X¥") distribution checks better with 
experimental values than does Gutin’s theory for 
the larger values of qn. 


5. For a given thrust and torque the sound 
pressures, P gn, and hence the energy radiated, 
> Pon, are reduced by increasing m and keeping 
Vo/c at moderate values. The effect is greater 
the smaller the value of sin 8. The sound pres- 
sures are obviously reduced by decreasing V)/c. 
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Room Noise at Subscribers’ Telephone Locations 


D. F. SEAcorD 
Bell Telephone Laboratories, New York, New York 


(Received May 20, 1940) 


HE effect of room noise on the ability to 
hear speech is roughly equivalent to a 
partial deafening of the listener; hence the study 
of room noise conditions at telephone locations is 
of considerable interest to the telephone engineer 
since these conditions have an important bearing 
on the degree of satisfaction with which speech is 
received over a telephone connection. As a conse- 
quence, various studies of room noise have been 
made from time to time and information of 
increasing value has been obtained over a period 
of years with the development of improved 
measuring equipment and technique. This paper 
is based on the results of recent room noise 
surveys carried out in the Bell System and gives a 
broad picture of the magnitude of room noise at 
subscribers’ telephone locations under present-day 
conditions. The data presented are a part of the 
information required in the work of devising and 
applying methods for taking into account the 
effects of room noise on telephone transmission in 
the design of the telephone plant. 

Room noise, in the general sense of the term, 
may be considered as composed of two major 
parts: (1) that produced by indoor sources and 
(2) that produced by outdoor sources but entering 
the room through open doors or windows. Indoor 
noise is produced by people conversing and 
moving about, by mechanical devices such as 
office machinery, fans, bells, and in the case of 
factories, by the heavier types of machinery. 
Considerable noise may also be produced in 
offices by the slamming of doors, desk drawers, 
file cabinets, etc. Outdoor noise is generally due 
to street traffic and as will be shown later is 
primarily a function of vehicular traffic density. 

Room noise is a function of the acoustic 
characteristics of the room. It is evident that the 
noise reaching a given point from a particular 
source is composed of two parts, one of which is 
the result of direct transmission between the two 
points and the other is the result of multiple 
reflections from various surfaces including the 
ceiling, walls, and floor of the room. The relative 
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magnitude of the two parts depends upon the 
distance between the noise source and the ob- 
serving location, and the total absorption of the 
room. In a bare room with hard plaster walls and 
ceiling for example, a large portion of the noise 
reaching each of these surfaces is reflected into 
the room; the use of heavy draperies, a heavy rug 
on the floor, and acoustic treatment on the ceil- 
ing on the other hand, results in a large portion 
of the noise being absorbed by these surfaces. 

Remedial measures for the reduction of room 
noise require a knowledge of the relative im- 
portance of the contribution of the noise from 
each source to the total noise. An interesting 
approach to this problem is contained in a recent 
paper! which discusses a method of computing 
room noise which has been developed by Bell 
System engineers. This problem is beyond the 
scope of the present paper which is restricted to 
the presentation of data covering noise conditions 
at subscribers’ telephone locations as they exist at 
the present time. 

The earliest measurements of room noise in the 
Bell System were made at a relatively few 
locations by subjective methods in which sound 
from an auxiliary source was balanced against the 
room noise. In 1929, a survey of room noise 
covering some 250 locations in and around New 
York City was carried out by the Joint Sub- 
committee on Development and Research of the 
National Electric Light Association and The 
American Telephone and Telegraph Company.’ 
This survey included the use of an early typé of 
objective meter as well as subjective methods. In 
1936 and early in 1937 room noise measurements 
were made in the Bell System at over 600 
locations in four cities in connection with the 
field trial of the new telephone sets, using 
measuring equipment meeting the present specifi- 
cations of the American Standards Association 

1 E. Dietze and W. D. Goodale, Jr., ‘The computation of 
the composite noise resulting from random _ variable 
sources,” Bell Sys. Tech. J. October (1939). 

?W. J. Williams and Ralph G. McCurdy, “A survey of 


room noise in telephone locations,’’ Trans. A. I. E. E. 
October (1930). 
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Fig. 1. Distributions of room noise, based on combined 
data obtained at 36 medium-sized offices (Pennsylvania 
and Illinois winter surveys). 


for sound level meters. Late in 1937, a still 
broader survey of room noise at subscribers’ 
telephone locations was undertaken which cov- 
ered a wide range of different types of locations 
from quiet residences to noisy factories in various 
types of areas ranging from rural to congested 
city districts. This survey covered a total of about 
1700 locations including about 500 locations at 
which measurements were made under both 
winter and summer conditions making a total of 
about 2200 measurements. The room noise levels 
at subscribers’ telephone locations discussed in 
the present paper are based on the results of this 
latest survey. 

The recent noise measurements were made 
with equipment conforming to the specifications 
of the American Standards Association’ using the 
40-decibel loudness weighting network. The 
microphones used were of the moving coil type, 
and the meters used read sound level in decibels 
above reference sound level, that is, 10-'® watt 
per square centimeter at 1000 cycles in a free 
progressive wave. Although various methods of 
reading the sound level meter may be used, it 
was felt that differences in the personal bias of 
observers would be reduced to a minimum by 
reading instantaneous values at stated intervals, 
that is, each reading would give the sound level 
meter value at the instant viewed regardless of 
whether the noise was at a peak value or other- 
wise. The readings thus obtained give a better 
picture as to the distribution of the noise at each 
location measured. At each location 50 instan- 


3 ‘American tentative standards for sound level meters 
for measurement of noise and other sounds,” Z24.3, 
approved American Standards Association, February 17, 
1936. 
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taneous readings, 25 by each member of a two. 
man crew, were made at approximately five. 
second intervals. The average of the 50 readings 
is taken as the average level of the noise jp 
decibels, and the standard deviation of the indj- 
vidual readings is computed as a measure of the 
variability of the data. 

In addition to measurements of room noise at 
the telephone location, measurements were made 
in a similar manner of outdoor noise at the street 
curb in front of the subscribers premises. Also a 
record was made of the various characteristics 
of each location and of the various sources of 
noise, both indoor and outdoor, which affected 
the measured data. The results of analyses of the 
several types of data obtained are given in the 
following sections. 

The survey of room noise recently made at 
subscribers’ telephone locations may be con- 
sidered in two parts: (1) A survey made under 
winter conditions and covering a total of about 
900 locations in the territory in and around 
Chicago and Philadelphia, and (2) a survey made 
under summer conditions covering about 500 of 
the same locations in and around Chicago and 
Philadelphia together with about 800 locations in 
Cleveland and the New York Metropolitan area. 
The measurements covered a wide variety of 
types of locations from quiet residences to noisy 
factories in areas covering the range from rural to 
congested city districts. 

In view of the fact that room noise is a highly 
variable quantity, it is desirable to express the 
results of room noise measurements in such a way 
that both the average value and the degree of 
variation involved are described. This may be 
done graphically by means of distribution curves 
as illustrated by Fig. 1. The arithmetic proba- 
bility scale used in this figure is such that 
cumulative normal distribution curves appear as 
straight lines. The data used for this illustration 
are based on measurements of room noise at 36 
medium sized offices, i.e., offices having from 3 to 
10 desks. Curve A of Fig. 1 represents the distri- 
bution of the 50 individual readings taken at a 
single typical location; for a normal distribution 
the average value corresponds to the 50 percent 
point of the vertical scale. Similar average values 
were obtained for each of the 36 locations of this 
type at which room noise measurements were 
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ROOM NOISE AT 
made, and the distribution of these average 
values is given in curve B. 

Curves of the types shown on Fig. 1 may be 
expressed numerically in terms of the average 
value and the standard deviation. It will be 
realized that since the variation in noise from 
instant to instant as illustrated by curve A is not 
the same at all locations, the standard deviations 
will accordingly vary and cover the range from 
locations where the noise is fairly constant (low 
value for the standard deviation) to locations 
where the noise is highly variable (high value for 
the standard deviation). The distribution of the 
standard deviations for the 36 locations is shown 
as curve C. The fourth curve (D) represents the 
distribution of the 1800 individual readings (50 
at each of 36 locations) and includes, in addition 
to the variation between the 36 average values 
indicated by curve B, the variation in the 
readings at each location. The relation between 
the standard deviation of the over-all distribution 
curve (D) and the separate standard deviations 
indicated on Fig. 1 is given by the formula 


> ((az)?+(6,)?+(a0,)?)}. 


The several types of standard deviations repre- 
sented in the above formula may be defined as 
follows: 


o=the standard deviation of an individual 
measurement from the over-all average of 
all measurements at all the locations. 

o;= the standard deviation of the average of the 
individual measurements at a single location 
from the over-all average of all measure- 
ments at all the locations. 

é,=the average value of the separate values of 
(o,) obtained at the various locations. 

o,=the standard deviation of an individual 
measurement at a particular location from 
the average of the 50 measurements at the 
same location. 

oc,=the standard deviation of (¢,) at an indi- 
vidual location from the average value (é,). 


Distributions of the noise data for 
various types of locations were obtained based on 
the results of the winter and summer surveys 
separately, these distributions being of the type 
illustrated by curve B in Fig. 1. The mean of each 


pair of distribution curves is taken as repre- 
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sentative of annual average conditions. In addi- 
tion comparisons between the measurements 
taken under both winter and summer conditions 
at about 500 locations give information as to the 
difference on the average between the levels of 
room noise at the various types of locations in 
summer as compared to winter. The results of 
these analyses are summarized in Table I. 

The average levels shown in the table are based 
on measurements made at subscriber telephone 
locations in a wide variety of types of areas, 
ranging from quiet rural regions to noisy city 
districts. The standard deviations shown thus 
include the effects of variations in the level of 
room noise which occur from one type of area to 
another as well as the variation between locations 
in a single area. It will be noted that in terms of 
annual average values, the room noise data cover 
a range from about 43 decibels for residential 
locations without radios in operation to 77 
decibels for factories, with the various types of 
business locations covering an intermediate range 
from 53.5 to 64.5 decibels. The standard devia- 
tions involved are of the order of 5.5 decibels for 
residential locations, 4.5 to 9.5 db for business 
locations, and 12 decibels for factories. 

Considering the average difference between 
summer and winter levels of room noise it will be 
noted that the largest differences occur in the 
case of residences, small stores and offices. This 
appears reasonable since it would be expected 
that the increment of noise from outdoor sources 
TABLE I. Summary of annual average values of room notse 


and differences between summer and 
winter conditions. 














ANNUAL AVERAGE 
VALUES OF 
Room NOISE 
(DB) 
STAND- SUMMER 
ARD vS. 
AVER- | DEVIA- WINTER 
TYPES OF LOCATION AGE TION (DB) 
Residence 
Without radio 43 aa 3 
With radio 50 8.0 4 
Small store (<6 clerks) 53.5 7.5 4 
Large store (>5 clerks) 61 6.0 0 
Small office (<3 desks) 53.5 6.5 4.5 
Medium office (3 to 10 desks) | 58 6.5 1 
Large office (> 10 desks) 64.5 4.5 0 
Factory office 61.5 9.5 = 
Miscellaneous business 56 y Be | 
Factory 77 12.0 —2 
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Fic. 2. Distributions of room noise based on annual 
average levels. 


entering through open windows or doors under 
warm weather conditions would have a greater 
effect in small stores and offices than in the larger 
establishments where there is more noise from 
indoor sources such as people and store or office 
appliances. In the case of factories and factory 
offices the surveys indicated about 2 decibels 
higher level of room noise in the winter than in 
the summer, due presumably to differences in 
the rate of manufacturing activity. 

Considering the various types of telephone 
locations as grouped under three broad classifi- 
cations: residence, business and factory, the room 
noise data are further summarized in the form of 
distribution curves covering these three classes 
as shown on Fig. 2. The data for residence 
locations are shown in two parts covering the 
conditions with and without radios in operation, 
respectively. It will be noted that the measure- 
ments in residences where radios contributed to 
the general noise level indicated room noise 
values approximately halfway between those 
obtained at residences without radios in opera- 
tion and those obtained at business locations. 
Also, the average room noise at factory locations 
is about 20 decibels greater than at business 
locations. These distribution curves illustrate 
again the fact that room noise is a highly variable 
quantity and cannot be adequately described in 
terms of average values alone. 

It will be appreciated that the level of room 
noise at a particular location is varying con- 
tinuously. At each location measured, each of the 
50 individual readings of the sound level meter 
was classified by the observer on a judgment 
basis as to the probable source which most 
affected the reading. The location was then 
classified as to the predominant source of noise in 
accordance with the majority of the individual 
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notations. The results of an analysis of this 
information are shown on Fig. 3, grouping the 
sources into three general classes: people, ma- 
chinery and outdoor sources. Data are shown for 
winter and summer conditions separately for each 
of three general classifications of locations, i.e., 
business, residence and factory. The winter and 
summer data are based on the results of the 
complete winter and summer surveys, respec- 
tively. Referring to Fig. 3, and bearing in mind 
that the locations involved are not identical for 
the two cases, it is interesting to note the large 
proportion of locations of both the business and 
residential type where the predominant source of 
noise is due to people talking or moving about. It 
will also be noted that there is a marked decrease 
from summer to winter in the proportion of both 
business and residence locations at which noise 
from outdoor sources predominates. 

As previously pointed out, measurements were 
made of outdoor noise at the street curb in front 
of the subscribers premises at each location at 
which room noise measurements were obtained. 
The results of these measurements of outdoor 
noise are summarized in the form of distribution 
curves on Fig. 4. Three sets of distributions are 
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Fic. 3. Distribution of locations by predominant 
sources of noise. 


given showing the data obtained (1) under 
summer conditions in New York City, (2) under 
summer conditions in locations other than New 
York City, and (3) under winter conditions in 
locations other than New York City. Each set 
includes separate distributions for business and 
for residence locations. 

Considering first the data covering locations 
other than New York City and taking the mean 
of the summer and winter conditions the average 
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outdoor noise level is seen to be about 54 decibels 
at residence locations and 64 decibels at business 
locations. In the case of New York City, the 
corresponding values are about 65 decibels at 
residences and 72 decibels at business locations. 
Also the spread of the noise conditions in New 
York City is somewhat smaller in view of the 
more uniform type of area than is the case for the 
data representing conditions other than New 
York City which include a wide range of areas 
from congested city districts to rural areas. Since 
measurements in congested districts in Chicago 
and Philadelphia gave values of the same magni- 
tude as those obtained in New York, and since 
the distributions shown in Fig. 4 tend to ap- 
proach a common maximum value, it seems 
probable that the distributions obtained for New 
York City are also representative of noise con- 
ditions in the congested districts of other large 
cities. 

Figure 5 shows the relation between outdoor 
noise and the volume of street traffic in terms of 
vehicles per minute and also the relation between 
room noise at business locations and the number 
of people in the room. It will be noted that the 
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Fig. 4. Distributions of outdoor noise. 


outdoor noise appears to be directly related to the 
logarithm of the number of vehicles per minute. 
It is also of interest to note in this connection 
that the relation between outdoor noise and 
vehicular traffic found at this time is in very 
good agreement with the relation found in New 
York City in 1930 as shown in the Noise Abate- 


ment Commission’s report on ‘City Noise.’ 


*“City noise,’’ Report of Noise Abatement Commission, 


1930, Department of Health, New York City. 
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Fic. 5. Relation between (a) outdoor noise and ve- 
hicular traffic and (b) room noise and number of people 
in room. 


Referring to the lower portion of Fig. 5 the room 
noise at business locations tends to increase with 
the logarithm of the number of people in the 
room. In this case the results are somewhat more 
erratic and the slope of the logarithmic curve is 
somewhat less than the corresponding data for 
outdoor noise versus vehicular traffic. These 
differences are of the type which would be 
expected from a consideration of the sources of 
outdoor noise and room noise. In the case of 
outdoor noise, vehicular traffic constitutes, in 
general, the major source of noise; in the case of 
room noise, noise from outside sources and from 
machinery, which together form a substantial 
part of room noise tend to reduce the effect of 
variations in room noise due to people. Also as 
the number of people per room increases the size 
of the room in general increases which will tend 
to offset the increment of noise due to the 
additional people. 


SUMMARY 


In summarizing the results of the survey of 
room noise, it is desirable to emphasize again the 
wide variations in noise conditions encountered 
in various locations. For example, the annual 
average noise values typical of broad classes of 
locations vary from about 43 decibels at resi- 
dences to about 77 decibels at factories. The 
range of noise levels, excluding the noisiest 5 
percent and the quietest 5 percent of locations, 
which were encountered covered about 20 
decibels at residences, 30 decibels at business 
locations (excluding factories) and 40 decibels at 
factories. 
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Further Applications of Our Direct-Reading Pitch and Intensity Recorder! 


Joicut OBATA 
Physics Department, Aeronautical Research Institute, Tokyo Imperial University, Tokyo Japan 


Japan Wireless Telegraph and Telephone Company, Ltd., Tokyo, Japan 
(Received March 27, 1940) 


HE new apparatus devised by us for direct- 
recording of the pitch and intensity of 
sound, together with a few examples of its appli- 
cation, have already been described in previous 
papers.” In this paper, we give further examples 
of its application, especially in connection with 
experiments that were made with the object of 
studying the musical performances of famous 
coloratura sopranos, and also in studying the 
“Utai,” a Japanese recitative chant. The experi- 
ments were carried out with the cooperation of 
Messrs. M. Ooka and E. Tanaka of the Japan 

Wireless Telegraph and Telephone Company. 
Although all the pitch and intensity graphs 
were taken from gramophone records, it would 
seem that much more perfect graphs could be 
obtained in the case of actual living voices. In 
taking these graphs, all accompaniments, whether 
piano or orchestra, were detrimental to obtaining 
beautiful graphs, so that most of the graphs are 
either for solo parts or those in which the accom- 
paniments were not prominent. The singers were 
Dal Monte, Tetrazzini, Galli-Curci, Gugliel- 
1 The expenses incurred in the prosecution of the present 
study were defrayed from a subsidy granted the authors by 

Baron Kishichiro Okura. 

2 J. Obata and R. Kobayashi, J. Acous. Soc. Am. 9, 156 


(1937); 10, 147 (1938); Proc. Phys. Math. Soc. Japan 21, 
109 (1939); Electrotech. J. Japan 3, 152 (1939). 
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Sack, and selecting gramophone records of the 
same arias and songs, sung by different artists, 
the following records of the most popular arias 
and songs were utilized: 


Barbiere di Siviglia, ‘‘Una voce poco fa;” 
Lucia di Lammermoor (Mad scene) ; 
Rigoletto, ‘‘Caro nome;” 

Traviata, ‘Ah! fors’é lui;” 

Solvejg’s song ; 

Mignon (Polonaise) ; 

“Lo! Hear the Gentle Lark.”’ 


metti, Lily Pons, Talley, Eide Norena and Erna 
; 


MusICAL PERFORMANCE OF 
VARIOUS ARTISTS 


Figure 1° shows very beautiful pitch and in- 
tensity vibratos in the song sung by Lily Pons, 
who is noted for her accurate intonation. The 
graph also shows that her crescendo and decre- 
scendo are very regular. Other artists sing these 
parts with almost uniform intensity (that is, 
without any light and shade—appreciable cre- 
scendo and decrescendo) and no such regular 
intensity-vibrato. 


3 All the graphs are reproduced here in about } original 
size. 
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Figure 2 is an example showing the difference 
in the performance of different artists. In this 
passage from Rigoletto, Pons lowers the pitch 
immediately at the end of the sustained C# 
note, while Talley, who sings this note at B, 
raises the pitch slightly before taking the descend- 
ing passage. (Other records showed that Tetraz- 
zini sang the passage in the manner of Pons and 
Sack in the manner of Talley.) 

Figure 3 shows a part of the very long cadenza 
at the end of the famous aria in the mad scene 
of Lucia di Lammermoor. This being a long 
cadenza, no musical notation for it is given in the 
usual conventional score, the notation given here 
being made from our pitch graph here repro- 
duced. It will be seen, that although the singing 
of the young soprana, Guglielmetti is virtually 
indistinguishable from that of Dal Monte, a 
virtuoso of the first rank, yet the pitch vibrato 
in Guglielmetti’s short notes does not seem to 
come up to the perfection of Dal Monte’s, and 
it is this that seems to explain in part the differ- 
ence in the performance of these two artists, to 
the disadvantage of Guglielmetti’s compared 
with Dal Monte’s. 

Figure 4 is a comparison of the performances 
of Lily Pons and Tettrazzini. The musical notes 
given here are reproduced from the usual score. 
It will be seen that in Pons’ graph, the initial 
descending part is sung exactly as indicated by 
the score, whereas in the next ascending part, 
which is sung somewhat staccato, the musical 
intervals (pitch difference between successive 
notes) become very irregular. On the other hand, 
in Tetrazzini’s graph, the number of notes in the 
initial descending part exceeds that in the score. 
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Fic. 2(b). Marion Talley: ‘‘Rigoletto.” 


Such differences may be evidence of the free 
manner, in which the number of notes as well as 
the musical intervals between them are treated 
in a cadenza. 

It is also worthy of note that in the perform- 
ances of Dal Monte, Guglielmetti, Pons and 
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Talley, the pitch graphs often have the form of 
saw-teeth, whereas Tetrazzini’s graph has the 
form of a stair-case.‘ In order, therefore, to ascer- 
tain whether these differences really exist in 
actual pitch variation, wave-form oscillograms 
of these parts, instead of the pitch graph, were 
taken by means of the usual Duddell oscillograph, 
and the average pitch (number of vibrations per 
second) was determined every 1/25 of a second. 
Pitch curves, quite similar to those obtained by 
the present recorder, were obtained, showing that 
these differences actually occur, and that they 
are not attributable to errors due to inertia, etc., 
of the recorder. Further, it was seen from the 
wave-form oscillograms that, even in those cases 
where several independent notes were sung in a 
very short interval of time, the sound wave was 
always continuous and not intermittent. 

In this connection, mention should be made 
of the error that is inherent in the present 
recorder. Referring to Fig. 2(a) and Fig. 4(b), 

4 This is certainly due to the fact, that in Tetrazzini’s 
performance not only the extent of vibrato but also the 


inclination of the pitch graph in the descending passage 
are smaller than those in the performances of other singers. 





the voice, one and two-thirds octaves in the 
maximum range, as will be seen here, over which 
it is possible to get correct records of pitch 
without re-adjusting the wave-form adjuster. 
For correct records of pitches above or below 
this range, re-adjustment cannot be dispensed 
with. It is possible that this range could be ex- 
tended somewhat by using a better electrical 
pick-up. 


VIBRATO 


As to the nature of the vibrato, exhaustive in- 
vestigations have already been made by C. E. 
Seashore and his colleagues,’ utilizing their 
strobophotograph camera. The present pitch 
recorder being very suitable for studying the 
physical nature of vibrato, some records were 
obtained with this object in view. 

According to C. E. Seashore and others, an 
artistic vibrato in Western music consists of a 
periodic oscillation in pitch, in which the extent 
(the difference between the upper and lower tone- 
limits of each vibrato) of oscillation in the case 
of the best singers averages approximately a half- 
tone and for stringed instruments approximately 
a quarter-tone, at an average rate of 6.5 cycles per 
~ 5C. E. Seashore, The Vibrato (lowa City, 1933); Objec- 


tive Analysis of Musical Performance (University of lowa, 
1937); Psychology of Music (New York, 1938). 
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Marion Talley: “* Il Barbiere di Siviglia ". 


second, and is usually accompanied by syn- 
chronous intensity and timbre oscillations, which 
play a secondary role. 

It will be easily seen from the graphs, so far 
reproduced, that although such mature singers 
as Dal Monte and Tetrazzini sing with a vibrato 
of half-tone extent as pointed out by Seashore, 
yet in songs by the younger singers the extent of 
vibrato is usually much wider, being about two- 
thirds of a tone. 

It is also found that there is often another kind 
of vibrato, the extent of which is almost double 
that of the usual one. Such wide-extent vibrato, 
if sung for a long period of time, extending over 
several seconds, is already known as a trill, 
indicated by ‘“‘tr’’ or on the score. Such 
along trill gives us a sensation greatly resembling 
that of a warble tone (the German J/eulton), 
which is usually produced by a valve oscillator 
and is used as a sound source in measuring rever- 
beration in connection with architectural acous- 
tics. The sustained note given in Fig. 5 is cer- 
TABLE I. Numbers in parenthesis are those for the short trill 

or wide vibrato. An asterisk indicates the long trill 
given in Fig. 5. 























SINGER PLACE NUMBER EXTENT RATE 
Dal Monte 5 28 0.51 ea 
Guglielmetti 28 173 0.54 7.0 
Tetrazzini 12 63 0.50 6.7 

(4) (31) (1.18) (7.3) 

Erna Sack 3 26 0.52 6.3 
(1) (10) (1.10) (6.9) 

Galli-Curci 12 135 0.59 6.3 
(1) (10) (1.37) (6.5) 

Talley 14 96 0.70 6.9 
~ (1)* (40) (1.08) (6.8) 
Eide Norena 16 89 0.74 tual 
, (1) (4) (1.06) (7.2) 
Lily Pons 14 103 0.74 6.8 
(2) | (6) (1.02) (6.8) 
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tainly an example of such a tone. The short trill 
or wide-extent vibrato mentioned above, appears 
more often than the long trill. It intermingles 
with the usual narrow-extent vibrato, and it 
seems that singers produce it consciously for the 
sake of giving a pleasing flexibility to their 
performance. 

It is well known that the extent as well as the _ 
rate of vibrato is not always constant, but is 
changed according to circumstances, different ex- 
pressions being given to different parts of a song. 

As a matter of fact, we have found in the pitch 
graph of some American folk song, sung probably 
by a negro singer, a very slow vibrato with a 
rate of 4.5 cycles per second. On the other hand, 
it is found that, in singing “‘Home Sweet Home’”’ 
or ‘‘Coming through the Rye,” Talley sings with 
vibratos similar to those of the operatic singing 
here dealt with. It will therefore be in order to 
consider that the results here given are also 
applicable to some cases other than operatic 
singing. 

Further, since the extent of vibrato in a single 
note is not strictly constant, but frequently 
fluctuates, an average of several vibrato impulses 
was taken, with results as summarized in Table 
I, in which Place=the number of places meas- 
ured, Number=the number of vibrato cycles 
studied, Rate=the number of vibrato pulses per 
second, Extent=the difference between the 
upper and lower limits of each vibrato, in terms 
of fractions of a whole tone. 


CHARACTERISTIC VOICE MODULATIONS 
IN THE UTAI 


Some years ago, we studied the physical nature 
of the trill, called ‘‘Nabiki,’’ a characteristic of 
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the Utai.® The method then adopted was to take 
wave-form oscillograms and determine from 
them the pitch and intensity of sound. Although 
the method gives very accurate results, it is very 
laborious, taking much time, and not suited for 
acquiring a large amount of data. With the 
present method of obtaining the pitch graph 
directly it is possible to study ‘‘Nabiki’’ without 
any difficulty. 

Besides studying ‘‘Nabiki,’”’ the performances 
of various artists were compared by the present 
method, and the results have been published 
already in Japanese, but as the reader may have 
only a very slight interest in the Utai, a recitative 
chant peculiar to Japan, only a very brief de- 
scription will be attempted here. 


6 J]. Obata and others, Proc. Imp. Acad. 10, 326 (1934). 
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In the Utai, the art of singing is classified into 
two groups, the Yowa-gin and Tuyo-gin. Yow, 
means weak or gentle, and Tyo strong or power- 
ful, gim being the singing. the ‘‘Nabiki,” a 
characteristic trill, always occurs in the com. 
paratively high-pitched Yowa-gin, while in the 
Tuyo-gin we meet with other kinds of voice 
modulations, examples of which are given below: 

Figure 6 shows the final part of the piece 
‘“Takasago,”’ a favorite song for weddings jn 
former times. (a) shows a wide-extent trill, which 
ends in the final cycle of very large modulation, 
the extent of the initial part being often not 
constant, but increased slowly. In the trill shown 
in (b), the mean pitch of the modulated part 
gradually rises, the extent of the vibrato or trill 
itself being widened at the same time. 

These voice modulations are characteristic of 
the Utai, and in showing their pitch graphs, the 
present recorder exhibits its highest efficiency, 
because the physical nature of such peculiar 
voice modulation can never be shown by conven- 
tional musical notation, nor by any other method 
so far known. 

Full details of the present paper, with a large 
number of pitch graphs, will be published in Proc. 
Phys. Math. Soc., Japan. 
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Ultrasonics and Elasticity 


H. F. LupLorr 
Cornell University, Ithaca, New York 
(Received May 21, 1940) 


Y a theory of Schaefer and Bergman’s! 
B ultrasonic experiments I' previously have 
obtained an exact method of determining the 
elastic properties of solids. By this ultrasonic 
method high proper vibrations are induced in 
glass cubes, small pieces of metal or crystals with 
a volume of about 1 cm*; the vibrations are 
produced by piezoquartzes cemented on the sides 
of the solids. In this way spatial gratings are 
formed in the solid by standing ultrasonic waves, 
whose nodes represent maxima of density and of 
index of refraction. This spatial periodic arrange- 
ment of places of maximum density influences 
optical wave-lengths like a regular distribution of 
diffracting centers. Therefore one will expect, 
that from vibrating solids exposed to visible light, 
interference patterns will result, somewhat analo- 
gous to those which are well known in the x-ray 
range. In the case of transparent solids the 
interference patterns will appear in transmitted 
light, in the case of opaque solids in light reflected 
from the vibrating surface. In fact, if one projects 
an image of a small slit over a vibrating solid 
onto a plate, one obtains typical interference 
patterns. In the first photograph (Fig. 1) such 
interference figures are shown: (19) and (20) 
arise from isotropic solids, (20) is produced by 
passing light through a glass cube, (19) by 
reflecting light from the surface of a thin steel 
plate. (1) to (3) result from light transmitted 
through a vibrating quartz parallelepiped in the 
directions of the three principal axes. (10) to (12) 
show the analogous phenomenon in the case of 
barite, (21) to (26) are interference figures which 
appear in light reflected from the surface of a 
gilded glass or quartz cube. 

The form of the interference figures depends 
only on the elastic properties of the vibrating 
solid, but is quite independent of the shape of the 
solid. This is quite plausible, if one notes that the 
ultrasonic wave-lengths are small compared with 
the dimensions of the solid. The problem of the 


‘Schaefer and Bergman, Publ. of the Acad. of Science 
of Berlin, 13, 192 (1932); H. F. Ludloff, Publ. of the Acad. 
of Science of Berlin, 20, 248 (1936). 





theory is (just as in x-ray optics), to deduce from 
the interference pattern the distribution of the 
diffracting centers, viz., the form of the elastic 
proper vibrations; from the form and distribution 
of the proper vibrations of course we shall then 
obtain information about the elastic structure of 
the solid. 

From the theoretical considerations it follows 
that the interference pattern arise from a large 
number of spatial diffraction gratings formed in 
the solid; in this respect the circumstances are 
quite different from the case of x-ray investi- 
gations, where in the crystal only one or a few 
diffraction gratings are present. Therefore in the 
solid a large number of proper vibrations must be 
excited simultaneously which will be effective in 
the interior as well as on the surface of the 
vibrating body. These proper vibrations repre- 
sent for the transmitted radiation a large number 
of spatial diffraction gratings; light reflected 
from the surface is influenced as if by many line 
gratings. The presence of many diffraction 
gratings is essential for the understanding of the 
interference pattern; our theory explains that in 





193 








194 oo. Fi 


SS 
ieee ne 
ie Batic te 





pcigbeista : 
Henin Fes? ar efi tne 


fe] 400 





LUDLOFF 





ba J Ee 


fe 


e 


fi 





Py ic 


600 7 


Fic. 2. MgO: measured Cii(T), Cas(T), B(T) showing T* law at low temperatures, 
T law at high temperatures. 


detail and is able to derive quantitatively the 
interference patterns, if the elastic constants are 
known. The curves (13) to (18) in the first 
photograph show interference curves calculated 
with the help of our theory, using the elastic 
constants already determined by Voigt; one sees 
that the experimental and the theoretical figures 
are nearly identical. Reversely, if the elastic 
constants are unknown, they can be determined 
by comparison of the experimental and theoretical 
interference curves with great accuracy. The 
determination of the constants is here very 
simple: in the case of isotropic solids we always 
have to expect two concentric circles; since these 
two circles correspond to the manifold of longi- 
tudinal and transverse elastic waves propagated 
in the solid, the radii of the two circles give 
directly the moduli of elasticity and torsion; in 
the case of crystals, e.g. of barite, the inter- 
sections of the curve with the two axes and the 
45° lines yield all elastic constants by three 
photographs on a single sample. 

For the derivation of the interference curves an elastic 
as well as an optical part of the problem must be solved. 
In regard to the elastic side of the problem one must cal- 


culate the possible modes of elastic vibrations of a given 
system by integrating the corresponding vibration equa- 
tions. The results are characterized by certain surfaces 
which indicate at a given excitation frequency for every 
direction the corresponding magnitude of the elastic wave- 
length and demonstrate by their typical shape the elasticity 
relations. These surfaces are in certain respects analogous 
to the phase surfaces of crystal optics; however in the 
elastic case the surfaces have in general three shells in 
consequence of the threefold refraction of the elastic waves; 
only in the simple case of isotropic solids the surface 
degenerates into two concentric spherical shells which 
correspond to the propagation vectors of longitudinal and 
double transverse waves. 

From this two-dimensional manifold of elastic plane 
waves characterized by the just described surface a one- 
dimensional manifold will be selected by ‘‘Bragg’s reflection 
law” of interference optics. These selected waves directly 
determine the interference curves. In this way one obtains 
for isotropic solids by selection from the two concentric 
spheres two circles as interference figure which correspond 
to the longitudinal and transverse waves. 


This method is tried out at Cornell with the 
object of studying the temperature dependence 
of elastic parameters. In view of some recently 
published statements of Brillouin? it seemed 
desirable to examine the elastic moduli in large 


2 |. Brillouin, Phys. Rev. 54, 916 (1938). 
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temperature ranges possibly up to the melting 
point. Since experimental results at high temper- 
atures are difficult to obtain, it was appropriate to 
derive, at first, all results to be expected from the 
solid state theory. We therefore derived the 
general temperature law which elastic parameters 
of solids must obey, and found a simple rule which 
could be verified very satisfactorily by the 
ultrasonic measurements performed at Columbia 
University with the method devised by Quimby? 
and his collaborators. We illustrate our deriva- 
tion by deriving the temperature dependence of 
the bulk modulus B. 

From thermodynamics and general consider- 
ation of elasticity theory (theory of finite strain) 
the following relation results: 


aB Op 8p 
Gera 
oT = , OT oaToav 


Here p, v and 7 are the internal pressure, the 
volume and the temperature of the solid; F is a 
constant for the particular solid. In order to get 
information about the temperature dependence 
of B, we obviously have to find out p as a 
function of vand 7. For that we need an equation 
of state, by which the thermal expansion of the 
solid and (consequently) the temperature vari- 
ation of its elastic parameters become under- 
standable: p= p(v, T). 

In order to derive the thermal expansion we 
calculate the effect of the heat pressure of the 
thermal waves against the walls of a solid. By an 
application of ideas developed in Debye’s theory 
of the specific heat we get the following expression 
for the internal pressure of a solid: 


p=pi v) + po(z, T) 


08», 
=pi(v) + D(T)X> - 

m OV 
The whole pressure consists of two essentially 
different parts. One part, pi, refers to the 
electrostatic lattice forces and is therefore only a 
function of the atomic distance, i.e., of the 
volume v of the solid; the other part, ps, corre- 
sponds to the radiation pressure which the 
random heat waves exert on the solid surface, 
and is therefore surely a function of the tempera- 





* Quimby et al., Phys. Rev. 45, 715 (1934); 49, 50 (1936). 
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ture. This term alone produces, of course, the 
thermal expansion. This pressure of the heat 
waves must obviously be proportional to the 
heat content of the solid, which can be expressed 
by Debye’s energy function for the thermal 
waves D(T). The @,,’s are the so-called charac- 
teristic temperatures which are related to the 
shortest possible longitudinal and transverse 
heat wave occurring in the solid; the shortest 
wave-lengths are determined by the grating 
constant. 

We remember how simple the function D(T), 
which gives the energy of the heat waves, can be 
approximated at low and high temperatures. 
For 7<é6, the thermal waves behave like the 
electromagnetic radiation; therefore: 


po~T*XQ1, 


in analogy to the Stefan-Boltzmann law for the 
electromagnetic radiation. For T>é@ the heat 
waves behave like an ideal gas; therefore: 


p2~(T/v) XRQ2, 


in analogy to the Dulong-Petit law—Q, and Q, 
are constants connected with the special prop- 
erties of the solid. 

If we put the expressions for D(T) into the 
formula for p and then insert p in the first 
thermodynamical equation, we obtain the desired 
temperature law for B, as one can see at once. At 
low temperatures 0p/0T is proportional T* and 
consequently its derivative with respect to 2, i.e., 
0°p/(dT dv), which is the second term in the 
equation, vanishes. Therefore, 0B/dT is pro- 
portional 7*, and B increases with the fourth 
power of the temperature to its value at the 
absolute zero. 

At high temperature 0p/0T equals Q2R/v and 
does not depend upon T directly; the same holds, 
of course, for #?p/dTdv. Both terms in the 
parenthesis are here functions of v alone. As v 
varies very little over large temperature ranges, 
the expression in the parenthesis can in first 
approximation be considered as constant. There- 
fore, for higher temperature B(T) will decrease 
almost linearly with the temperature. 

The few modern ultrasonic measurements on 
elastic parameters, which were performed over 
sufficiently large temperature ranges, verify very 
satisfactorily the 7‘- as well as the 7-law. One 
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can see that, e.g. from Durand’s‘ measurements 
of MgO, shown in Fig. 2. 

The behavior of the curves at low tempera- 
tures is of course a quantum effect, analogous to 
the quantum effect occurring in the specific heat 
curves which decrease at low temperatures with 
a T?-law. 

Unfortunately, the smooth temperature curves 
of the elastic parameters, which we just saw in 
Fig. 2, are seldom realized, because most of the 
materials have several phase transition points, at 
which the atoms of the lattice change from one 
configuration into another in a more or less 
sudden way. At these points the curves are 
interrupted by discontinuities or kinks, as is 
illustrated for NH,Cl by Fig. 3. Here the temper- 
ature curves of the thermal expansion coefficient 
and the compressibility are shown during a 
transition, in which the NH, molecules go over 
from a state of hindered to that of free rotators. 
The adiabatic compressibility has been measured 
by Lawson’ with ultrasonics, while the isothermal 
compressibility was measured by static methods. 
Notice the big difference between the two curves 
which is to be expected according to the first and 
second law of thermodynamics. 


4M. A. Durand, Phys. Rev. 50, 449 (1936). 
5 A, W. Lawson, Phys. Rev. 57, 417 (1940). 
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For temperature ranges, in which such configu- 
rational changes occur, the above equation of 
state containing only heat vibrations is of course 
no longer sufficient. In the expression for the 
internal pressure p a third term has to be added 
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(a) Measured thermal expansion coefficient 
near transition point. 


B of NH,CI 
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(b) Adiabatic and isothermal compressibility K of NH,Cl. 
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which takes into account the energy of this 
configurational change in the lattice. This term 
can be computed from the kinetic theory* and 
vields the expression : 


r 1 aV 
pois f ¢ "dT X— — 
0 V ov 


here C,*" is the anomoly in the specific heat curve 
during the phase transition and V the interaction 
energy between neighboring atoms in the lattice. 
It can be shown, that V(v) can be computed, if 
C,(T) has been measured. By considering this 


+H. A. Bethe and J. Kirkwood, J. Chem. Phys. 7, 578 
(1939). 
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additional term one is able to compute the elastic 
parameters even within these phase transition 
ranges, if the curve of the specific heat or of the 
thermal expansion has been measured there. Such 
measurements however are available for many 
substances. In the case of NH,Cl the crosses in 
Fig. 3 indicate the values of the compressibility 
computed according to this scheme. The applica- 
bility of our scheme to phase transitional regions 
enables us to get information about the elastic 
behavior also in the region just below the melting 
point, where very reliable measurements of the 
thermal parameters indicate quantitatively the 
beginning of the dissolution of the solid. 
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Shock Waves in Air and Characteristics of Instruments for Their Measurement* 


L. THOMPSON 
Naval Proving Ground, Dahlgren, Virginia 
(Received May 21, 1940) 


I 


OUND waves of very great condensation may 
become shock waves, as a result of propaga- 
tion phenomena, even if the disturbance does not 
initially have the abrupt form characteristic of 
shock. Shock is a kind of asymptotic condition 
which finite condensations in air generally tend 
to assume because the velocity of propagation is 
greatest for the zone of greatest condensation. 
So far as any distinction by direct physical test 
is concerned, the wave surface of a shock of 
great intensity is a surface of discontinuity of 
density and acceleration. Other characteristics of 
waves of finite amplitude which distinguish this 
type of sound, in addition to the quality of 
changing shape, are the finite velocity of air 
flow set up at the instant of transit of the wave 
surface and the extraordinarily short duration of 
the compression cycle. If the intensity is great 
the wave velocity may be many times the normal 
velocity of sound, and the velocity of flow may 
be almost as great at the wave surface. No 
direct-measuring pressure gauge is fast enough 
to follow the rise to maximum pressure. Because 
of the shortness of the interval of condensation 
the accumulation of energy in one or more of 
the molecular degrees of freedom is probably 
small and the effective specific heats are there- 
fore abnormal. The cycle is not adiabatic. Dating 
back to the studies of Rankine and Hugoniot it 
has been known that the mechanics of the 
system cannot be represented by the static- 
adiabatic law used for the range of infinitesimal 
sound but requires a pressure-density function 
allowing for dynamic effects. The dynamic- 
adiabatic law of Rankine and Hugoniot for 
pressure-density variation was derived to repre- 
sent the shock cycle and its use is justified at 
the present time as the best basis available for 
computation. However, even the definition of 
pressure (as well as of temperature) is ambiguous 
when applied to a surface of shock, and it appears 


* Presented at the 23rd meeting of the Acoustical 
Society of America, Washington, D. C., April 29, 1940. 


that no general equation of condition may exist 
in the sense of those for systems in equilibrium, 
Sufficiently qualified, there is a definite maximum 
pressure associated with the wave surface and of 
course a definite density on both sides. This 
pressure may be many atmospheres on the con- 
densed side. Referring to a scale of intensity or 
of ‘“‘loudness’’ values as used in normal acoustic 
systems, the shock pulse may have ratings so 
great that severe mechanical action would be 
expected. Close to sources of shock waves, the 
mechanical action may actually be sufficient to 
deform rugged structures but in these zones the 
action is usually accompanied by other agencies 
of destruction still more severe, so that the net 
effect of the shock is difficult to isolate. For 
example, near a detonating charge of TNT the 
shock pressure may be several hundred atmos- 
pheres but the expanding gases produce dynamic 
pressures much greater. For this reason blast 
damage is not usually thought of as an acoustic 
effect though, occurring alone, the acoustic effect 
might be serious enough. In fact at considerable 
distances from a detonating charge, beyond the 
zone of impact with the gases from the charge, 
the shock wave may be of intensity sufficient to 
cause damage to ordinary buildings and to 
personnel. This is plainly the case when very 
great charges go off, as in accidental detonations 
of storage units. 

Mechanical action from shock in air is less 
than might be expected from the order of 
pressures at the wave surface because the times 
of application are so short. A shock wave of 
intensity 10‘ watts/cm?, about 80 db above the 
threshold for feeling and almost 200 db above 
the threshold for hearing of sound of periodic 
nature, may have less effect on the ear and body 
than a sustained sound of intensity 107! watt 
cm?. The ear and all mechanical structures are 
essentially ‘‘ballistic’’ as gauges responding to 
shock disturbance. Near the muzzle of a large 
gun, the sharp ‘‘crack”’ which should be present 
as a result of the shock wave preceding the gas 
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SHOCK WAVES IN AIR, 





jet and the projectile, is masked in its effect on 
the ear by the long-period ‘‘boom,”’ although the 
maximum pressures in the shock waves are much 
greater than the pressures elsewhere in the dis- 
turbance at the muzzle. 


II 


The classical theory of finite waves proceeds 
from the concept of a continuous cycle of con- 
densation in which the maxima of pressure, 
velocity of air particle and density are attained 
in small but finite intervals of time after the 
boundary of the disturbance first passes a point 
in the medium. Poisson, Riemann, Rayleigh!” 
and others have developed the theory of velocity 
from the standpoint of a superposed wave travel- 
ing over a moving medium, with a result stated 
in the form 


v=u+(¢'(p))! 


in which ¢(p) is the pressure-density function 
applicable to the cycle and wu the effective velocity 
of the flow at the wave surface. In the work of 
Riemann’ the cycle was taken to be adiabatic 
and, using Earnshaw’s result that 


u= f (eo) log p 


Riemann obtained the formula 


p’\ «-D/2 2 a - 
CaS 
k—1 k—1 


\ normal density,’ which can be written 
v=a(1+k/r*)} 


(r being distance from source). Our experimental 
results have indicated that a modification of this 
formula is satisfactory for the velocity field of a 
wide range of sources: 


1 


Cc \) 
rs 
(e+x)? 


‘Lord Rayleigh, Proc. Roy. Soc. London 484, 247 
(1910). 

*H. Bateman, Bull., Nat. Research Council, Number 84, 
Part IV. 

*B. Riemann, Abb. Konigl. Ges. der Wiss. Gottingen 8, 
43 (1860). 

*(a) L. Thompson and N. Riffolt, J. Acous. Soc. Am. 
11, 233 (1939). (b) L. Thompson, J. Acous. Soc. Am. 11, 
245 (1939). 
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in which 


V.2—a? 
c=( i ion’ 
a2 


yg a characteristic constant, 





Va boundary velocity, 


x= Ke, 


K being the radius of an equivalent spherical 
source (one having same boundary velocity). 
The latter formula for velocity leads to the 
definition of a ‘‘reduced”’ time of wave displace- 
ment. Experimental results for reduced times and 
velocity were presented in an earlier paper.* 

Though in the classical approach to the theory 
of shock waves the condition of shock is supposed 
to develop as a kind of limit condition as the 
wave becomes steeper, the theory does not admit 
ever reaching perfect abruptness. A permanent 
regime is possible, as shown by Rayleigh, when a 
certain balance is maintained by virtue of 
dissipation in heat conduction and from viscous 
forces. All of the steps in the classical theory 
presume a continuous process of change in a 
system in equilibrium. The alternative approach 
by Hugoniot’s results for a true discontinuity 
offers certain advantages. Hugoniot initiated 
such a theory by studying the rate of propagation 
of a surface of discontinuity of the second order 
(a discontinuity in acceleration). He found that 
the equations of motion could be treated by 
means of his dynamic and kinematic conditions 
of compatibility, with the result that the velocity 
of the disturbance is 


v=(dp/dp)}. 


A full treatment of the subject is given in 
Hadamard’s book,' and an abridged discussion in 
Webster’s book.* It will be noted that this 
velocity refers to the rate of displacement with 
respect to the air particles on one side of the 
discontinuity, and that the velocity on the other 
side is given by the equation of continuity of 
flow. The difference in interpretation of the 
velocity obtained by this analysis, comparing the 
formula of Riemann, arises from the fact that 
velocity of the air particle is not subject to dis- 

5]. Hadamard, Lecons sur la Propagation des Ondes 
(A. Hermann, Paris, 1903). 

6 A. G. Webster and S. J. Plimpton, Partial Differential 


Equations of Mathematical Physics (B. G. Teubner, 1927), 
p. 280. 
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continuous change at the wave surface even 
though acceleration and density experience 
‘jumps’ at that surface. Hence the wave velocity 
is taken here as referring to the undisturbed 
medium. 

Using the Hugoniot velocity for the shock 
wave (the surface of discontinuity of accelera- 
tion), in combination with the dynamic equation 
of condition, the equations for pressure and 
density have been given in terms of wave 
velocity.*” It is possible to make some calcula- 
tions applying to sound waves of finite amplitude 
without encountering directly the difficulties in 
handling the differential equation when the 
assumption of small condensations is not legiti- 
mate. The work done in condensing the gas in 
the head of the wave, per unit volume, is 
(using the Hugoniot-Rankine equation of con- 
dition) 


| 
p” 
pdp 


= 

Po “ro [p(x +1)+po(«—1) }? 
1 . po(x—1) 

- ~40:(—) | — etn 
k+1 p(x +1)+po(x—1) 


k—1 ee) 





_ +log — 
2k 2 Pox 


and the energy in the pulse of effective thickness 
X per unit area is Wi. Therefore the rate of 
transmitting energy through unit surface is 

Wr Wr 


—=——= Wy 
bt /v 


where 6é¢ is time or condensation and v is wave 
velocity. The power per unit area of such a 
source may be taken, however, as 


P=6p-dé/dt 


and 6p is known from the equation for the 
pressure at a surface of discontinuity, where 
d£/dt is the maximum particle velocity at wave 
boundary in terms of velocity ; hence 


0£/dt= Wv/5p, the maximum particle velocity. 


If one chooses to think of the amplitude of 


THOMPSON 


particle displacement as the displacement ac. 
quired at the condensation maximum, corre. 
sponding to this point as the first fourth of a 
complete oscillation, it is possible to obtain 
rough values by substitution 


dg 
Emax = Jn. 
ot 


Taking for » the value 


2x Qn Of sxv 
= ’ Emax = / : 
At 4d/v at/ 2» 


Results for Emax and 0&/dt by these formulas are 
not sufficiently reliable to justify including them 
in Table I. However, it is of interest that dis- 
placements £ so obtained are extremely small 
even for waves of great intensity. Their smallness 
is the result of the excessively short times 
(excessively great equivalent frequencies), being 
perhaps 10-* or 10-* cm for the conditions 
listed below. 

The table contains numerical estimates of 
certain characteristics of shock waves at various 
distances from sources of great intensity. 

Using the Rankine-Hugoniot equation for 
pressure-density, we may state the equation for 
plane waves as 


07é Kpo 2 - ort 
Ot? A Stie —orver dx? 


=( 1+s ) Ore 
Po 1 —(x—1)s/2 Ox? 
This identifies the effective velocity in terms of 


the ordinary sound velocity a and the condensa- 
tion s, as 


( 1+s ) 
v=al{ — - 
1—(x—1)s/2 


k+1 x°—1 
=o( 1+ s+ ste), 
2 4 





The static-adiabatic law usually given, defines 
by same procedure, 


ctl v=! 
pma(t-+s)0?=a( 14 ; s+ - ste) 


————— Ee 
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TABLE I. Shock pulse, typical conditions. 
(1) (2) (3) (4) (5) (6) (7) (8) (9) (10) 
DISTANCE FROM 
SouRCcE 
Hatr- Com- 
DIAM. CONDEN-| PRES- 
Over-ALt Power Ea. Time oF SATION® | SION | Acoustic] INTENSITY 
Wave or Source Source | ConpensaTion | ,—?—?0| P—Po| Power Wave> 
SouRCE VELOCITY (ORDER OF) METERS zr ét Po po P (P/Arga) Nores 
Cal. 0.30 bullet 750 m/sec. 2 or 3 hp At 1 About 10-1 see. 1.5 5. — 106 to 107 Data for nose only i 
1 (inair) | nose (A About 10-5 em) watts/cm? 
li,e., rate of dissipating 
energy in air 
Largest projectile | 750 m/sec. 104 hp At 1 About 107" sec. 1.5 5. -- 106 to 107 Comparing columns (3) and 
(in air) nose (\ About 10-5 em) watts/em? (9), the effective areas of 
condensation at nose (of 
bullet and projectile) are 
<1 mm, | cm?, respectively 
Spark | 750 m/see.| ~ — | — | About 10-1 see] 15 | 5 — | 106to 107 _ 
(A About 10-5 em) watts/em? 
16” Gun fire 1500- 107 hp Gas jet 1 10-™ see. 2.4 20. “= About 107 Gun fire also accompanied 
1800 m/sec. (for 0.05 see.) muzzle watts/em? by other sounds of finite 
amplitude which have 
greater effect on ear. 
16” Projectile im- — 108 hp oo 1 Comparable 
pact on heavy (for 10-3 sec.) with explosion 
armor 
10 lb. TNT 5000 m/sec.| 10° hp Surface 1 10-' to 1072 see. 2.8 50. 106 to 107} 108 watts/em? | Boundary value of velocity 
1350 m/sec.| (for 310° sec.) 0.8 10 10-" sec. 2.0 10. hp (for of shock equals detonating 
390 m/sec. 8.1 100 10-® sec. 04 0.7 | 107-sec.)| 104 to 16 velocity of explosive for 
watts/em? sources of great brisance. 
1000 Ib. TNT — |5000 m/see.| 101 hp Surface 1 | 10" to 10-%sec.| 2.8 | 50. | 107 to 105} 108 watts/em? 
1350 m/sec. (for 10~¢ sec.) 3.7 10 10-1 sec, 2.0 10. hp (for 
390 m/sec. 37 100 10-* sec. 04 0.7 | 10-sec.)| 104 to 105 


























sound). 


watts/em? 





a Condensation approaches maximum value depending on « (ratio specific heats). See references 4 and 8a. For example, for «=5/3, s=Ap/po==3—3a/vr (a velocity of 


b Threshold for feeling at very high frequencies is about 10-4 watt/em? (of order 102 dyne/em?). The intensity values of table are therefore of order 100 db to 120 db 
above threshold for feeling (for oscil'atory source). Yet the ear, and entire body, acting as ballistic “receivers” are not affected to a corresponding extent because of the 
extremely short times of action. Disabling effects are not likely to be experienced by personnel exposed to shock from detonation beyond the z=100 distances noted above. 
Boundary velocities for various high explosives do not differ enough to change this limit (appreciably) among the available explosives of high brisance. 


while the result using Eq. (1.6)* is 


k—1 t 
r=a(1- :) 
2 


k—1 k—1\? 
=a(1+ s+ ) s*+-+++ }. (1.63) 
2 2 


For large values of s the above procedure based 
on the waye equation is not valid. 


III 


Characteristics given in the table, except for 
velocity sequences, are estimates of a rough 
nature not well enough checked by actual 
experiment. Because of greater precision, it is 
often preferred to measure velocity of wave as 
an index of intensity (i.e., use velocity apparatus 
as a blast meter). In some cases relative pressures 
by “gauge” have been measured by a piezo- 
gauge and by condenser microphone, (the latter 


at great distances from source). In general, the 
calculations depend on assumptions which are of 
doubtful validity though apparently leading to 
results of the right order. Experimental work is 
being conducted for the purpose of measuring 
simultaneously the condensation and compres- 
sion ratios for typical conditions, using methods 
which can properly be considered absolute or 
capable of quantitative calibration. With simul- 
taneous measurements of both amplitudes it is 
believed possible to extract empirically from the 
results, by statistical procedure, not only the 
effective ratio of the specific heats for these 
cycles but also that equation for pressure-density 
relation which describes the conditions existing 
in these transient states. 

The methods available are not very different 
from those sometimes employed in experiments 
with infinitesimal sound, though the fact of 
great intensities makes certain techniques suit- 
able which are less suitable for infinitesimal 
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waves because of their lack of sensitiveness. 
This is a fortunate circumstance since other 
methods, depending on the occurrence of a 
steady state such as the Rayleigh disk, the 
radiometer, and A. G. Webster’s technique with 
tuned units, cannot be used for measurements of 
single-pulse amplitudes, at least not in the 
customary manner. 

The following outline refers to the principal 
available experiments for measurements of shock 
waves. 


A. Condensation 


Density can be measured by refractometric 
methods : 

(1) An optical circuit may be set up to show 
the accumulated deviation of a ray of light 
passing through the surface of a shock wave 
nearly tangent to the wave. The best procedure 
is that of Dvorak’s spark photography giving 
shadow records. Hilton’ has recently published 
some results and a discussion of an analytic 
technique for reduction of the measurements to 
values of condensation in terms of index of 
refraction and the geometry of the system. These 
researches were concerned with shock waves in 
the field of a rotating propeller. 

(2) Propagation of shock through an inter- 
ferometer field. This method is probably best 
for the study of intense waves. The path of the 
ray which includes a section of a shock wave 
system travels an equivalent distance D+mny\ 
and the condensation is 


Ap nr 


po D(u—1) 


where D is the actual distance intercepted by 
wave, A the wave-length, and » the number of 
fringes in the observed shift at the point. Spark 
photographs have been published by Cranz,* 
showing the pressure field near projectiles in 
flight, and an optical circuit well adapted for 
density exploration of shock wave areas. 

The procedure is an absolute one in the sense 
of absence of effect of the measuring apparatus 
on the wave field. It is possible to obtain quanti- 
tative values of condensation in terms of the 
"TW. F. Hilton, Proc. Roy. Soc. A169, 174-189 (1938). 


8 (a) C. Cranz, Innere Ballistik II (J. Springer, 1926), 
p. 171; (b) ZZJ (1927), p. 271. 
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geometry of the fringe pattern of the system and 
index of refraction yw for light of wave-length 
used ; Cranzuseda magnesium gap. Measurements 
given by Cranz for one case contain sequences jn 
quite good agreement with those of Table IT of 
reference 4b. For example, at a point 2 em 
behind the nose of the bullet and 1.28 to 1.44 em 
normal to axis of flight Cranz gives the values 


Ap/p=0.24, (Ap/p)(calc) = 0.34. 
Table II gives about 
Ap/p=0.22 for Ap/p=0.35. 


The corresponding wave velocity (Eq. (1.71))! js 
1.05a. The equivalent x value is about 175. 

(3) Measurement of the velocity of air flow set 
up at the wave surface. The displacements avail- 
able are so small that optical methods for ob- 
taining rates of change are not very promising. 
Tests of a filament microphone have been made 
with the hope of obtaining velocity directly, 
though the problem of setting up a sufficiently 
light filament to follow the stream is a difficult 
one. The ordinary velocity microphone is not 
satisfactory since the basis for its application with 
infinitesimal waves no longer holds with waves 
of great intensity. Assuming that particle velocity 
can be measured, the condensation can be 
obtained from the equation for continuity of flow. 

It will be noted that none of the above- 
mentioned techniques is capable of measuring 
pressures or displacements directly. Their use to 
obtain pressure, as in the work of Cranz and of 
Hilton, is through some assumed equation of 
condition and accordingly the results are not 
reliable for shock waves of great intensity. But 
the identification of condensation, itself, is just 
as important for a complete experimental solu- 
tion of the problem as the measurement of 
pressure, even though it does not itself provide 
the complete solution offered in the case of 
waves of low intensity. 


B. Compression 


Pressure amplitude can be obtained directly 
by: 

(1) Mechanical gauges operating as “‘ballistic” 
instruments. These are satisfactory as over-all 
blast gauges, in which case the effective mean 
pressure is made up of two components, the 
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second being the dynamic pressure from air flow. 
Here, as in all cases, it is necessary to know 
something about the relation between mean 
pressures and maximum pressures, and to be 
able to calculate separately the dynamic pres- 
sure, if the results are to be used for estimates of 
compression. A good form of ballistic meter is a 
“swinging door” type, with the door mounted in 
a baffle support. 

(2) Piezoelectric gauges. These are also bal- 
listic, as far as measurements of the development 
of pressure in shock pulses are concerned, even 
when the crystals are mounted for direct expo- 
sure to the wave. The interval of compression in 
the wave surface is several orders shorter in 
time than the interval of propagation of the 
wave through the thinnest practicable crystals. 
However, the gauges made up of single crystals of 
tourmaline, Rochelle salt or quartz, so mounted, 
are the best available pressure gauges. Satis- 
factorily calibrated, they will give maximum 
pressures, although Rochelle salt is not very 
suitable because of its sensitiveness to tempera- 
ture changes. It will be noted that for shock 
waves of considerable intensity, a crystal of any 
practicable size constitutes an approximately 
perfect reflector and therefore permits identifica- 
tion of compression as half the observed change 
of pressure after subtracting the dynamic pres- 
sure. To obtain the dynamic pressure it is 
necessary to have the data for condensation 
(either by measurement or by calculation) and 
the wave velocity. One of the most extensive 
programs being developed in this country for 
the measurement of pressures by piezoelectric 
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technique is that of the Aberdeen Proving 
Ground, where excellent results have been ob- 
tained by Kent and Hodge in the determinations 
of gun pressures. Their recording and calibration 
systems have been described recently in the 
Transactions of the American Society of Mechani- 
cal Engineers. Gun pressures, cycles of which 
may be considered similar to those for shock- 
pressures but with time range many orders 
greater, are obtained by cathode-oscillograph 
recording of potentials developed on stacks of 
quartz crystals mounted in rugged holders. Pres- 
sure is applied through a piston. A _ similar 
gauge was also used by Kent for the measure- 
ment of blast pressures from explosions. In one 
case his result of 75 lb./in.? at a distance of 24 
feet from 25 lb. of TNT corresponds to a value 
of P« calculated in reference 46 as about 55 
lb./in.2. Our work on the relative pressures in 
shock waves was done initially with open crystals 
of Rochelle salt (cut _L to electric axis, 45° to the 
other axes). Records by cathode oscillograph 
were Calibrated at point of mid-range of intensity 
by calculations described in reference 4b. At the 
present time a method is being developed to 
accomplish calibration by a dynamic experiment 
described below. 

(3) The Hopkinson bar. An interesting tech- 
nique was invented by Hopkinson" in which the 
pressure of shock was estimated by a steel bar 
suspended to swing in a vertical plane, having a 
small bar of same diameter stuck on at one end 
with vaseline. A source of shock near the other 
end sets up a wave of compression which travels 
to the opposite end and is reflected as a wave of 
tension. When the tension at the junction ex- 
ceeds the compression of the tail end of the wave 
the ‘“‘time piece”’ flies off with momentum equal 
to the product of time for wave to travel twice 
the length of rod and the mean force transmitted 
by the wave. Length of time piece about 1”. 
Measure velocity of piece with ballistic pendulum. 
Results are therefore measure of pressure de- 
livered by source during first (condensation) 
phase of its action. 

(4) The condenser microphone. The standard 
technique with the condenser microphone has 


*R. H. 
April, 1939. 
10 Marshall Explosives III (Blakiston, 1932), p. 156. 


Kent and A. H. Hodge, Trans. A.S.M.E., 
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been used by Schneider" for measurements of 
pressure in shock waves at considerable distances 
from the source. The method might not be 
satisfactory at points fairly close to the source, 
primarily because of lack of a satisfactory 
method of calibration. Possibly a device similar 
to the one described below for piezo-gauges 
could be adapted. In any case the results would 
be those of a ballistic unit. Schneider measured 
the pressure of the shock pulse from a detonating 
charge of 1 kg TNT at 160 meters to be 2.7 
g/cm’. The value obtained by first computing*® 


v=a(1+C/(¢+x)*)? 


for x (=3200) used, as v=1.00017a and then 
substituting in Eq. (2.31) is Pg = 140: (0.00017) 
+ 2.4 g/cm? (neglecting small term in V,). Use of 
k=7/5 is apparently justified for waves so 
weak. 


Calibration of piezo-pressure gauge 


The apparatus shown in Fig. 1 was designed to 
provide a dynamic calibration for a crystal or 
for other pressure gauges which can be mounted 
in the position C. 

The gauge ‘‘standard”’ at the other end is an 
optically recording spring system of very high 
natural frequency. Pressure curves are obtained 
on a moving film on which are superposed 
standard timing lines. The crystal records by 
cathode oscillograph, using a resistance-capacity 
coupled amplifier of good response to about 
30,000 cycles/second. Pressure is applied by 
dropping a weight of 25 to 50 Ib. on the vertical 
piston. The weight and guides for control of 
impact on P; are not shown. The chamber is 
filled with glycerine (which has the lowest com- 
pressibility among available liquids and permits 
getting high pressure cycles of very short dura- 
tion). It is necessary to use care in filling to 
insure satisfactory 
bubbles; valve V 


small air 
is opened slightly, pouring 
glycerine in a narrow stream through the piston 
holders 7. The procedure in calibration is to 
take simultaneous records with 
standard and the gauge C. 


freedom from 


the optical 


1 W. Schneider, Zeits. f. das gasamte Schiess u. Spreng- 
stoffwesen, December, 1939, pp. 329-31. 


THOMPSON 


The advantage in using the optical standard, 
which is an adaptation of a gauge for gun 
pressures developed in 1919 by Webster, Thomp- 
son and Riffolt,’ is that it provides at once both 
the time interval necessary for computing the 
mean pressure for calibration and the relation 
between mean pressure and maximum pressure 
(as well as relative pressures at any other point 
in the cycle). The reflection coefficient applicable 
to the gauge for specific pulse cycles can probably 
be identified. Calibration tests can be carried out 
with intervals possibly as short as 10~ second. 
While this interval is several orders longer than 
the interval of condensation in shock waves, the 
characteristics shown over a wide range of 
available intervals should provide a satisfactory 
check of calibrations for short transients. 


IV 


By simultaneous use of methods A (2) or A(3) 
and B(2) one may hope to obtain parallel 
sequences of values of x for typical sources of 
shock at several points in the field. Equations 
similar to those of reference 4), set up on any 
assumed equation for pressure-density will then 
lead to unique values of x, the ratio of specific 
heats, applicable to the cycle in question for 
each of the conditions. There will be two inde- 
pendent equations, each giving a value of x, one 
between wave velocity and p and one between 
wave velocity and p. 

That equation of condition (pressure in terms 
of density) which leads to the same value of « by 
the two independent sets of data, may be taken 
as the correct function in the sense of definition 
by these experiments (i.e., as applicable to the 
time and condensation ranges of a specific test). 
The procedure is one of successive approxima- 
tions, which constitutes a kind of empirical 
extraction of an equation of condition without 
involving any assumptions as to the actual 
condition of the system. 

I am indebted to Mr. Nils Riffolt for super- 
vising the construction of the calibration unit 
and for collaboration in its design; also to Mr. 
Milton Lipnick for contributions to the develop- 
ment of a filament microphone. 


12 Proc. Nat. Acad. 5, 259 (1919); J. Opt. Soc. Am. X, 
June, 1925; U. S. Naval Inst. Proc. 58, March, 1932. 
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Acoustical Society News 


News or Dr. ERWIN MEYER 


Last October, the Editor wrote to Dr. Erwin Meyer 

as follows: 
October 27, 1939 
Dr. Erwin Meyer 
Franklinstrasse 1 
Berlin N.W. 87 
Germany 
My dear Dr. Meyer: 

In view of the very friendly interest which the members 
of the Acoustical Society have in your personal research 
in acoustics, | would appreciate hearing from you concern- 
ing the status of your work at the present time, if it is 
possible for you to write on this subject without embar- 
rassment due to censorship. Since the war started has it 
been possible for you to continue with your investigations, 
or are you now mainly concerned with the applications 
of acoustics to military equipment? If you could give us 
some news of yourself I am sure that the members of the 
Acoustical Society would appreciate reading such a letter 
when published in our Journal. 

With kindest regards to Frau Meyer and yourself, I am 

Very truly yours, 
F, A. Firestone. 


The Editor has just received a postcard with the fol- 
lowing message: 


April 9, 1940 
Dear Prof. Firestone: 

Your very friendly letter of October last vear, thanks to 
the English censor, I have just received. I thank you 
heartily for your interest in our work. You can imagine 
that I now have a lot to do. 

From a short ski vacation at 2000 meters elevation, I 
send you the best greetings. 

Yours, 
Erwin Meyer. 


The postcard is postmarked Kuhtai, Germany and 
carries a photograph of an attractive hotel set in gorgeous 
mountain scenery and surrounded by ski trails. Dr. Meyer 
is most kindly remembered by the many members of this 
Society who met him at our Anniversary Meeting last year 


in New York. 


HONORARY DEGREE RECEIVED BY Dr. Puitip M. Morse 


Our distinguished member, Dr. Philip M. Morse, was 
awarded the honorary degree of Doctor of Science on 
March 14 by his alma mater, Case School of Applied 
Science, on the occasion of the Convocation in honor of his 
one-time professor, Dr. Dayton C. Miller. Professor Morse 
graduated from Case with the degree of Bachelor of Science 
in Physics in 1926 and received his Doctor of Philosophy 
degree from Princeton University in 1929 after serving as 


a graduate assistant there for three years. The following 
year he received a National Research Council fellowship 
and studied abroad at Cambridge University and the 
University of Munich. He was appointed instructor in 
physics at Princeton upon his return from Europe and in 
1932 went to Massachusetts Institute of Technology as 
Assistant Professor of Physics. 

He has published two books; one, Vibration and Sound, 
dedicated to Dr. Dayton C. Miller and well known to the 
members of this Society, and the other, Quantum Mechanics. 
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Sonotone Corporation, pany, Incorporated, 
Elmsford, New York, 
Engineer (Research and 
Development). 
Deceased } 
Robert Sonnenschein, Member, 
Chicago, Illinois. 
Samuel L. Pawsey, Member, 


Los Angeles, California. 


Future Meetings 


Fall 1940. Chicago. 
Spring 1941. 


Fall 1941. New York. 


November 15, 16. 
Rochester, N. Y. 
Oct. 24, 25. 


Joint meeting with 


the founder societies of The American Insti- 


tute of Physics. 


Spring 1942. Washington. 


Errata 


A Note on Just Intonation. A Correction 
(J. Acous. Soc. Am. 11, 441 (1940)) 


) On Page 441, column 1, paragraph 2, line 5 the sentence 
should read “‘The consequence was unfortunate for their 
| ideas of musical technique.” 
LLEWELYN S. LLoyp 
Department of Scientific and Industrial Research, 


London, England, 
May 7, 1940. 





Erratum: Sound Diffraction and Absorption by a Strip of 
Absorbing Material 


(J. Acous. Soc. Am. 11, 396 (1940)) 


A printing error occurs on page 397 where the incorrect 
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Current Publications on Acoustics 


F. A. FIRESTONE 
147 East Physics Building, University of Michigan, Ann Arbor, Michigan 


Reviews of Contemporary Papers 


EMBERS who have occasion to translate important papers from foreign journals will be 
doing a real service to those members who do not read the foreign languages easily, if they 
will prepare a review of such articles for publication in this section. 

These reviews should be of the nature of a lengthy abstract (500 to 1500 words) rather than a 
critique or appratsal, and should attempt to set forth in this limited space as much of the original 
author's contribution as possible. One or two figures may be included if desired. 

Particular articles in French or German periodicals will be translated and reviewed in these 
columns by request. Address requests to Leo L. Beranek, Cruft Laboratory, Harvard University, 


Cambridge, Massachusetts. 





Filter Networks in Which Corresponding Elements of 
Successive Sections are Changed by a Constant Factor. 
Jacques BRILLOUIN, Rev. d’Acoustique 8, 79 (1939).— 
This paper presents a form of filter theory in which the cor- 
responding elements of successive sections are increased or 
decreased by a constant factor. The consideration of such 
filters is brought about by the examination of the problem 
of sound isolation of vibrating bodies. The authors state 
that an isolating arrangement which consists of alternate 
elastic and inertial layers (springs and weights) should not 
be symmetrical from one section to the next since the lower 
layers must support the total mass of all the sections above 
them. 

These filters are useful for obtaining amplification of 
either force or velocity (in electrical notation, of either 
voltage or current). This effect is equivalent to a change 
in impedance level between the input and output of the 
filter. The theory of these filters is carried out in the elec- 
trical notation, following quite closely the usual theory of 
filters. Only pure reactance structures are treated. The 
primary assumption in the analytical treatment is, that 
if 2, be series impedances and A, shunt impedances sepa- 


rating the series impedances, then, in successive sections: 


on=C2Zn-1, 
An = CA, =ly 


where C is a real and positive number. An important 
parameter in the theory is defined as follows: y = (log, C)/2; 
also 


sinh y=[YV¥C—(1/YVC)]/2_ cosh y=[VC+(1//C)]/2. 


Each impedance =, may be divided into two parts to 
represent the two adjacent series elements in a series of T 
sections or an impedance A, may be divided so as to repre- 
sent the two adjacent shunt elements in a series of II 
sections. A quantity similar to iterative impedance is 
defined and formulas for this impedance are developed in 
terms of the impedances of the elements and the constant 
ratio C. The manner of division of the impedances =, 
and A, into their two parts as indicated above leads to 
‘“‘mid-series’’-‘‘iterative’” impedances for a series of T 
sections, and to “mid-shunt’’-‘‘iterative” impedances for 
a series of II sections. 

These new filters do not have a single propagation con- 
stant, as is the case for filters designed on the image (or 
iterative) impedance basis, but have three different propa- 
gation constants, one each for current, voltage, and power 
ratios. Formulas for these propagation constants are 
derived, in notation similar to that used in the theory of 
ordinary ladder filters. Using these formulas, an effective 
pass band can be defined in which energy is transmitted 
through the filter without loss. It is shown that con- 





Fic. 1. Attenuation constant for power-ratio propagation constant for various values of C. 
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Fic. 2. Attenuation constant for current-ratio propagation constant for various values of C. 


figurations corresponding ordinarily to low pass or high 
pass filters become band pass filters in this new theory. 
These new filters differ from classical filters by two proper- 
ties: 1. The limits of the pass band are a function of y, 
and contract as y increases. 2. In the transfer of energy, 
which occurs without loss in the pass band, there is added 
an impedance transformation: for C>1, in the direction of 
increasing element values, the currents are diminished and 
voltages increased. The inverse effect occurs in the opposite 
direction, or for C<1. 

The filter whose configuration corresponds to the ordi- 
nary low pass type of filter is discussed in some detail. The 
cut-off frequencies are given by Q,=2[sinh (y/2)], and 
Q2=2[cosh (y/2)], where © is a generalized frequency 
variable including the usual cut-off frequency. Fig. 1 shows 
curves of the attenuation constant formed from the 
power-ratio propagation constant, for various values of C; 
Fig. 2 shows similar curves of the attenuation constant 
formed from the current-ratio propagation constant. This 
latter curve may be interpreted in terms of the attenuation 
constant formed from the voltage-ratio propagation con- 
stant since A;(C)=A,(1/C). (A is an attenuation con- 
stant, the subscripts 7 and v referring to current and 
voltage ratios.) 

The problem of joining two of these new filter chains is 
more complicated than in ordinary filter theory. It is 
shown that there are no sections corresponding to the 
m-derived type of filter sections in the ordinary theory; 
however, by using an auxiliary impedance separating 
groups of sections, it is possible to connect together two 
chains of sections, one with C>1 and the other with C<1. 
This is true for both T and II types of sections. 

The problem of the exponential horn is treated by means 
of this theory. For this case, the filter sections are allowed 
to become indefinitely small, and it is shown that the 
upper cut-off frequency of the pass band becomes infinite 
while the lower cut-off frequency tends towards a limiting 


value. The classical value of the lower cut-off frequency js 
obtained, i.e., w.=cyo; where c is the velocity of sound, and 
yo is equal to half of the flare coefficient. 

A discussion is given of the application of this theory to 
acoustic filters. Four fundamental coordinates are chosen, 
the rate of flow of matter, the sound pressure, the inverse 
of conductance (coefficient of inertia), and a generalized 
stiffness. Formulas are developed for the pressure ampli- 
fication, the rate of flow amplification, and the velocity 
amplification, in a series of sections consisting of alternate 
narrow constrictions (necks) and fairly large volumes 
(cavities). The pressure amplification is dependent only on 
the ratio of the volume of the first to that of the last cavity 
while the rate of flow amplification is dependent on the 
inverse ratio of these volumes. The velocity amplification 
is dependent on the ratio of the volume of the initial neck 
to the volume of the terminal neck. In all cases, the amount 
of amplification is limited by the admissible dimensions for 
the extreme elements in the series. The double resonator is 
considered qualitatively in light of this discussion. No 
experimental measurements were carried out to comple- 
ment the theory.—R. B. WATSON. 


The Transmission of Sound Through Single and 
Double Glass Surfaces. L. RENAULT, Rev. d’Acoustique 8, 
12 (1939).—This study of the transmission of sound through 
glass surfaces is applicable to the problems of sound isola- 
tion in railway trains, airplane cabins, telephone booths, 
windows in dwellings, etc. 

Other measurements have shown that the attenuation of 
sound by a simple and homogeneous partition is primarily 
determined by the mass per unit of surface. It would seem 
to suffice to have a simple, homogeneous glass surface with 
large mass per unit surface area in order to obtain good 
sound isolation. Unfortunately, doubling the mass per unit 
area will not produce any great reduction of the loudness 
of the transmitted sound, since the ear responds approxi- 
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mately to the logarithm of the excitation. However, a par- 
tition composed of two homogeneous surfaces separated 
by an air space provides a greater attenuation, in certain 
frequency ranges, than a simple partition of the same mass 
as the two taken together. 

A previous study" pointed out the difficulties of calculat- 
ing completely the transmission of sound through a par- 
tition, because of the great number of resonance frequencies 
and vibrational patterns formed by the partition. Here it 
is assumed that the glass surfaces are thin; that they possess 
a single important resonance frequency (the fundamental); 
that the elastic const raints and friction are important only 
near the edges; that the motion of the plates is that of a 
true piston; and that the sound waves which strike them 
are plane and at normal incidence. 

1. Simple glass surfaces—If o is the mass per unit 
surface of the glass, p the density of air, and c the velocity 
of sound in air, it is known that the attenuation of sound, 
R, is given by: 


xg? : 

R=10 logio 1+ . -( f — fo)? > (1) 
prc? 

where f is the frequency in cycles per second and fo is the 

fundamental resonance frequency (of the order of 20 c.p.s.). 

For frequencies far removed from fo, fo<f, this becomes: 


R=20 logis — +20 logio f. (1’) 
pe 
In consequence, the attenuation of sound by a single glass 
surface is proportional to the logarithm of its mass per 
unit surface, and to the logarithm of the frequency of the 
sound. 

2. Double glass surfaces—The air space between the 
surfaces can be varied from 0 to 8 cm. Two cases may be 
considered: (a) The air space is supposed small compared 
to the wave-length of sound. The incident waves produce 
sinusoidal vibrations in the first surface, which in turn 
sends the vibrations through the air space to the other 
surface, which then emits sound energy on the far side. 
This hypothesis is good only if the air space is very small, 
for it supposes that the pressure variations of sound are 
uniform within the air interval. (b) When this last condi- 
tion is not realized, the only applicable method is that 
given by Rayleigh in his study on the transmission of sound 
through thick partitions. This study assumes standing 
waves within the air space,? and holds for any thickness of 
the air space. An analogous calculation to that indicated 
in the study of the transmission of sound through double 
metallic partitions shows that the attenuation is 


BB B82? Bibs BitBe . 
R=10 logye | 14% +7 - ’ + aoa — sin 2kd 
BiB2/BiB2 
_ Fal oe -— 1) cos 2d |, (2) 
2 4 


where d is the air space; 0; and oz are the masses per unit 
surface area of the two glass surfaces; w; and w2 are their 
angular fundamental frequencies; k=w/c, and 


When the frequency is well removed from the resonance 
frequencies, then, approximately 
o+o? oro? 
4p*c? 8p'tct 
vice. F22) P 2wd 


° 
w* 








R= 10 logio [1 + (w?) 


ogee 
C 


ces 102 ') ad 2a) 
= —  —1)}) cos - Ca 
2 prc? \4 p2c? c 


(a) w constant and d variable. The general expression 
(2) goes through a series of minima and maxima such that: 


2p2c?\ 2pc 








( 2) 
tan 2kd=2 Bi F 82) =f, 
4—BiB2 
In particular, R will become zero only for 8; = —82, which 


means that the two surfaces are identical. There then exist 
values of R which are either higher or lower than those 
corresponding to the simple glass of equal mass. The value 
of d for which the two values of R become equal is given 
by: tan kd=é. 

(6) d constant with w variable. The expression for R 
takes three forms: (i) w very small: 


R=10 logio [1+(8:+8:2)?]. (2b) 


This shows that R is equal to that of a single glass of mass 
oi+o2. 


(ii) w small: 





R=10 logio [i+ “ 


one ae ores =". (2c) 
2 2 c 


Here R first decreases to a value given by (2b), passes 
through zero at a frequency corresponding to 


= (a ten 
adil 2doic2 


(for heavy glasses and large air space), then increases to 
a value given by the general formula (2). 


(iii) w large. 


Application of (2) and (2a) shows that the curve represent- 
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Fic. 2. Attenuation of various double glasses with 5 cm air space 
compared to similar simple glasses. 
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Fic. 3. Attenuation of various double glasses at 500 c.p.s. compared 
to similar single glasses. 


ing R as a function of frequency passes through a series of 
minima corresponding to the frequencies defined by the 
equation 
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where w, corresponds to the first resonance given by (2a). 
In particular, for two identical glasses of mass ¢, formula 
(2) may be rewritten and a similar discussion given with 
d and w as parameters. For two glasses, one with a mass 
double that of the other, a similar treatment is given. It 
results from these calculations that at low frequencies the 
attenuation of sound of a double glass partition is equal 
to that of a single glass of equal mass to the two glasses 
taken together; with increasing frequency the attenuation 


WATSON 


decreases to a minimum which may be zero and then p; 
alternately through a series of maxima and minima. 
The experiments were carried out in a dead room, 
divided into two parts by a metallic partition having a 
large attenuation to transmission. A loudspeaker produced 


ASSes 


a warble tone, and an electrodynamic microphone Was 
used to pick up the sound on the far side of the partition, 
The frequency was varied automatically over the range 
from 100 to 3000 cycles and the microphone output was 
simultaneously recorded. The glass surfaces were mounted 
in a 1.0 mX0.8 m opening in the metal partition. The 
attenuation is defined in terms of the sound pressures pr 


(without the window), p2 (with the window): 
R=20 logw (pi/p2) decibels. 


The experimental arrangement deviates considerably 
from the theoretical hypotheses. Normal incidence is not 
used, but rather random incidence, and the coupling 
between the glasses is not merely acoustic. The glasses are 
mounted in a wood frame, and the frame itself may trans- 
mit sound or cause the glasses to vibrate and thus transmit 
sound. This latter effect is probably the more important 
of the two. Results are given for various single glasses, and 
for various double glasses, both with different constituent 
glasses and with different spacings. Fig. 1 compares the 
theoretical and experimental curves for several single 
glasses; Figs. 2 and 3 give similar comparisons for several 
double glasses, with d and f as parameters. These measure- 
ments show that for single glasses, those of small mass 
(thin) show attenuations close to the values given by 
formula (1); deviations of the attenuations of heavy glasses 
from the theoretical values increase with increasing fre- 
quency and increasing mass. For double glass surfaces, the 
attenuation is greater than for the single glass surface of 
equal mass to the two taken together, except near the 
minimum frequencies. For identical double surfaces, the 
air space should be as large as possible, in order to reduce 
the frequency of the first minimum to a low value. Double 
glass surfaces with different constituent glasses have less 
noticeable minima than those with identical constituents, 
but do not have as great attenuations at high frequencies. 
In other words, to diminish high frequency sounds, double 
glasses are of advantage; to diminish the intensity of low 
frequency sounds, the double glass presents no advantages; 
to reduce possible resonances in the air space between the 
surfaces, it is advantageous to employ double glasses with 
different constituents.—R. B. WATSON. 


1L. Renault, Rev. d’Acoustique 6, No. 3—4 (1937). 
2S. E. Constable, Phi. Mag. 18, 321 (1934). 


The Sound Spectra of Condenser Discharges and Pistol 
Reports and Applications in Electroacoustic Measure- 
ments. W. Weser, Akustische Zeits. 4, 373 (1939).—This 
paper presents a theoretical treatment and experimental 
measurements on the sound spectra of electrical-spark 
discharges and pistol reports. 

Electric discharges of condensers are usually associated 
with a loud report of sound. The production of this sound 
arises from an increase of temperature in the air which is 
also accompanied with an increase in pressure. For small 
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excess pressures the pressure wave can be treated theoret- 
ically by the customary wave equation. It is assumed that 
at the time /=0 an excess pressure p over a small sphere of 
radius r exists for a very short time At. Then for the particle 
velocity s one writes s = p/z, where z is the complex acoustic 
impedance. For a zero-order pulsating sphere in free air 
this impedance is 

2= = , (1) 

(1+ (c/wr)?)) 

where c is the velocity of propagation and p and w have 
their usual meaning. Associated with the particle velocity 
there is a volume variation dv in the time dt of size, 


dv =4nr’s-dl. (2) 
For adiabatic expansion, 
dp = —k(3po)/(4r*) - dv, (3) 


where & is the ratio of specific heats, c,/cp. By combining 
(1), (2) and (3) and setting kpo/p=c, one arrives at the 
following differential equation, 
dp 3c(1 +(e wr)?)} ; 
=-— dt. (4) 
p r 


A solution to this equation is, 


3c c\*\3 = 
p=Poexp [- (1+( ) ) | = Pye @!, (5) 
r wr 


By means of a Fourier integral expansion (5) can be sepa- 
rated into its partial tones as follows: 


P ao oo 
pi)=—| J cos wtdes { cos wle~“‘dt 


T 


veo wo : , 
+f, sin wtdeo f sin wte “at|, (6) 


Integration yields, 
Po ¢” 1 w a 
p(t) =—f ———. cos | wf +tan- |dw. (7) 
a¥9 (a?+w*)! a 


In Eq. (7) the factor 1/[(a?+w?)!] represents the size of 
the Fourier coefficient A(w), corresponding to the term of 
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Fic. 1, Device for producing reports from a condenser discharge 
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Fic. 2. Peak sound pressure measured with 30 cm separation between 
source and detector. Four different source intensities are shown. 


angular frequency w. Substituting back the value of a@ 
from (5) one obtains, 


wf EY OH]. 0 


Inspection of (8) shows that for small values of w the ampli- 
tude A (w) increases as the square of the frequency and that 
for large values of w the amplitude decreases as the first 
power of frequency. The phase angle also is important and 
may be determined from (7). 

Experiments were performed to determine the sound 
spectra of two types of reports. A device, first described 
by Békésy,! for producing electrical discharges is shown in 
Fig. 1. The condenser is first charged to a certain potential. 
When the switch is closed the center armature is forced up- 
ward and a discharge takes place between the two contacts. 
The contacts are not perfectly conducting, hence the air 
in the immediate vicinity of them is warmed and the built- 
up excess pressure is propagated outward in all directions. 
The resistance of the conductors chosen was about 0.1 
ohm, giving a time constant of 4-10~® sec. when used with 
a condenser of 40 mf. This value is small compared to the 
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Fic. 3. Peak sound pressure per octave at the surface of an assumed 


spherical-equivalent radiator. 


minimum period of 1.5X10-5 sec. involved in the in- 
vestigation. 

To measure the tone spectra of these reports an octave- 
filter oscillographic method? was used. The sound wave 
produced was detected by a microphone whose output was 
connected to two band-pass filters in parallel. One of these 
had a fixed band-pass region of 600 to 1200 cycles. The 
other was one of two variable filters each of which had 
eight band-pass regions at octave intervals; the range of 
one being 37.5 to 9600 cycles, the other 50 to 12,800 cycles. 
Following each of the two parallel-connected filters was an 
amplifier. The output of each amplifier was connected to 
one element of a six-element mechanical oscillograph. 
Preceding the variable octave filter was a constant-re- 
sistance T electrical network whose transmission varied in 
inverse. proportion to frequency. Thus, a decreasing spec- 
trum was transformed into a spectrum with constant 
amplitude as a function of frequency. The fixed filter chan- 
nel provided a reference level, because all reports were not 
of exactly the same intensity. There was negligible phase 
shift in the amplifiers. Although there was phase shift in 
the pass bands of the filters this was not important because 
it was the same for all octaves. 

Measurements were first performed in an acoustically 
“dead”’ room with 30 cm separation between the sound 
source and detector. Results are shown in Fig. 2 for several 
different sound reports. The sound pressure peak value is 
plotted against the mean frequency of each octave. To 
make these measurements agree with the theoretically 
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Fic. 4. Measured curves of condenser reports in an auditorium using : 


different microphones. 


derived expressions it is necessary to divide the measured 
sound pressure values by the band widths of each octave. 
The number on each curve indicates the magnitude of the 
spherical radius r as determined from the shape of the curve. 
It is seen that the value of r is dependent on the total en- 
ergy released. In Fig. 3 the peak sound pressure per octave 
at the surface of the sphere is shown as computed from the 
data in Fig. 2. On investigation of these curves Weber 
concludes that the excess pressure over the surface of the 
sphere with radius 7 is about the same for any magnitude of 


report. From these and other measurements he sets the 
value of this peak excess pressure as being about 150,000 
microbars. 


The curves assume a slightly different shape when meas- 
ured in a reverberant auditorium. The chief difference is 
that the increasing portion of the curve varies as the } 
power of the frequency and not as the square. This is ex- 
plained as follows: In the case of a dead room all partial 
tone components in an octave are in phase and the pressure 
contributions add linearly with frequency and since the 
amplitude of each partial tone also increases linearly with 
frequency, the total sound pressure per octave must in- 
crease as the second power. In the case of a reverberant 
room, the pressure contributions are random in phase, 
therefore the energy per cycle increases as the square of the 
frequency and, as before, the number of components per 
octave as the first power. Hence, the total energy increases 
as the third power of w and the pressure as the } power. 


The sound spectrum of . condenser discharge was used to 
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calibrate microphones. In Fig. 4 the solid lines indicate the 
measured values of sound spectra as obtained by four 
different microphones. The dotted curves show the true 
sound spetcra and the difference between the two cr-ves 
indicates the deviation of the microphone charactcri:tic 
from “flat,” The author states that an accuracy of +1 
decibel may be obtained. 

Using measurements on the sound spectra of a pi tol 
report and the Sabine energy formulas, one may obtain tne 
sound energy in a reverberant room as a function of fre- 
quency. Data are obtained for each octave with a calibra’ :d 
high speed level recorder and the decay curves extrapolated 


back to the time £=0 through the use of the relations, 


*_ Dp ',-6.9t/T 
P’ = Py'e8-9t/T, 


E = Ege 3-807, 0) 


Weber used the condenser-discharge to measure the 
radiation resistance of an exponential horn. He placed the 
source at the throat and located the microphone near. His 
curves showed the increase of radiation resistance with the 
horn as compared to that with no horn present.—L. 
Beranek. 

1G. v. Békésy, Akustische Zeits. 3, 217 (1937). 


?F. Trendelenburg and E. Franz, Zeits. f. tech. Physik 16, 513 
(1935). 


Book Review 


The Acoustic Air-Jet Generator. JuL. HARTMANN. Pp. 
202, numerous figures and 14 plates. Academy of Technical 
Science, Copenhagen, Bulletin No. 4, 1939. (In English.) 


This is a complete summary of previous work done by 
the author and his collaborators since 1916. The air-jet 
generator consists of a jet of air or other gas which issues 
from a small orifice at a velocity greater than that of sound 
and impinges upon the mouth of a small cavity of about 
the same diameter as that of the jet and of a depth equal 
to the diameter. Under these conditions if the mouth of 
the cavity be adjusted to suitable distance from the mouth 
of the jet very powerful vibrations occur in the gas, of a 
frequency such that the depth of the cavity is about one- 
quarter wave-length. This device owes its chief interest to 
the fact that it makes possible the conversion of as much 
as 50 to 100 watts into sound. The frequencies are between 
20 and 100 kilocycles per second if the gas is air; by using 
hydrogen it is possible to reach several hundred kilocycles 
per second. The radiation is so intense that dust figures 
may be formed in glass tubes at a distance of several feet 
from the generator. Because of its many possible technical 
and scientific uses the instrument deserves to be more 
widely known. 

This monograph, after an introduction giving a brief 
discussion of the instrument and the plan of the work, 
continues in Chapter 1 with a detailed description of a 


number of installations and auxiliary equipment. Chapter 
2 treats of the technique of measurement of the output of 
the generator. The Rayleigh disk, its modification, calibra- 
tion, other forms of sound pressure indicators, thermal 
indicators, and “pinhole” indicators are treated at length 
and results are given for comparison. Chapter 3 is a detailed 
study of the performance of the generator under different 
conditions of adjustment and velocity of jet. The distribu- 
tion of radiation about the axis, and the efficiency of the 
jet are given especial attention. Chapter 4 treats of inter- 
ference and diffraction phenomena. An acoustic spectro- 
graph is described and results are given for the absorbing 
qualities of walls. The distribution as affected by a para- 
bolic mirror and by conical horns is studied and some 
work has been done with an acoustic grating spectrograph. 
Chapter 5 gives the results of a study of the structure of 
the jet by various methods, with a view to establishing its 
modus operandi. The entire work is profusely illustrated 
with diagrams and photographs and the plates showing 
dark field studies of the jet are among the finest in acoustic 
literature. It is to be hoped that the war has not made this 
publication unavailable. It should be seen by everyone 
interested in acoustics. 


J. C. HusBBarp 
Johns Hopkins University 
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